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ABSTRACT
Acti ve no i se control (ANC* is concerned with
achi evi ng  some degree of c an c e l l a t i o n  bet we en  unwanted 
acoustic noise and the output fro.n one or more actively 
co nt ro lle d secondary sources. The mi ni mum  co n fi g ur ati on
for an A.N.C. system is a de tecting mic ro ph one  to detect 
the unwanted acoustic noise and a single loudspeaker to 
act as a seco nda ry  source. The basic pro blem is to 
specify the electronic system needed between the
de te ct ing  mic ro p ho n e  and the loudspeaker to achieve 
cancellation. The system has an inherent feedback path
be tw e en  the loudspeaker and the de tec ti ng  m ic ro ph one  that 
may cause instability. The system described in this 
thesis uses the pr i n ci pl e  of parallel feedback to ensure 
syst em stability. The basic idea of this is to use a 
second e l ect ron ic  system in a feedback path parallel to 
the el e c tr o a co u s ti c  feedback path to, in effect, remove 
this feedback. Incorporating both this feedback modelling 
and the ap pr op r ia te  forward transfer function bet we en the 
d ete ct in g mic ro p ho n e  and the loudspeaker should pro duce a 
practical stable working s y s t e m .
This thesis c o ns i de r s  im pl ementation of these 
two electronic systems as sampled data systems employing
's'.:: • VI ;.V f
finite impulse response (FIR) filters. Measu rem en ts on: an E
experimental duct are used as input data for the study of
•wA
system performance, this data being analysed using a •• ‘
least squares approach to find best fit FIR filters. The 
sys te m  is assessed in terms of the lengths of FIR filters 
required in the feedf or war d and feedback paths to achieve 
sa tis f a ct o r y operation, i.e. that the system produce a
si gn if ica nt  level of a t t e nu at i on  and be stable.
The predicted level of p er fo rm anc e of the ANC 
system indicates that the use of two independent FIR 
fi lte rs  to model the fe edf orw ar d and feedback paths 
p ro d u c e s  a stable working system, ca p ab l e  of producing a 
si gn if ica nt  level of a tt e n u a t i o n  over a broad frequency 
range. However, the length of FIR filter needed in each 
path has to be long in order to achieve a 
level of performance.
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lUXO-T- OF^  S V M O O l_ S
AA Ana log anti -al i as i ng f 1 1 ter
A/D Analog to digital c o n V e r ter
ATTN Atténuât ion
a,„ C o e f f ici e n t for a fini t e impulse response filter
br, C o e f f ici e n t for an infinite impulse response
ri Iter
C Ca pacitor shown in figure D.i
C r ( w ) —C~>; ( w )
Duct acoustic transfer funct io ns  shown in figure
2.5
c Vel oci ty  of sound in the duct
D(z) General digital filter transfer function
A
D(z) A pp r o xi m a t i o n  to the transfer function D(z)
D/A Digital to analog converter
Dr f- < z ) and D p = ( z )
Transfer functions needed in the feedforward and 
feedback paths of a digital based ANC system
A A
Dr-F^  ( z ) and D|--=-h« ( z )
A p p ro x i ma t i on  to the transfer fun ctions D^^(z) 
and D f-^e. <z)
D,..h;:-(z ) Transfer function for digital filter defined by
eq ua t io n  D .4
d (n ) Digital filter impulse respon se  as shown in
figure 3.3
drm(n) Feedback digital filter impulse response
d 1, d2 and d3
Poles of loudspeaker transfer function
E(w), E(z) or e(t) -
Error signal in the frequency, or time domain
F(z) Transfer funct io n defined by e q ua tio n C.4
A
F(z) Ap p r ox i m a t i o n  to F(z)
f Fr e qu enc y
f , Start frequency for the swept sinusoid signal
fr' Final frequency for the swept sinusoid signal
G (w ) Transfer function for a general co ntinuous
system, as shown in figure 3.4
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G/, ( z ) Overall tr ansfer function for the system shown
inside the dotted box in figure 6.1
G, ( z ) Closed loop transfer fun ct io n for the ANC system
G,,, ( z ) Open loop transfer funct io n for the ANC system
G F (z ) Transfer function for the dis cre te  time delay
system shown in figure C.l
ho t. ( w ) , H o 3 ( w ) , H33 \ w ) and H;^, ( w )
E le c t ro ac ou sti c transfer functi ons  be tween the 
terminals O, 1, 2 and 3 shown in figure 2.1 and
defined by eq uat i o ns  2.1-2.4.
H 3 k*(w) Black box transfer fun ct io n shown in figure 2.1 
and defined by eq ua tio n 2 .6 .
Hrr(w) and Hp-^Cw)
Transfer fun ct i o ns  for the feedforward and 
feedback pa ths for the black box recursive 
rea li s a ti o n  shown in figure 2 .2 (b)
Hp-w ( w ) and ( w )
Transfer fu nct i o n for f e ed for wa rd and feedback 
paths for the re cu r si ve  black box rea lisation  
shown in figure 2 .2 (c)
HUi^i(w) and Hmi=e(w)
Detector and monitor mi cr o p h o n e  transfer 
fu nct i o n re sp e c ti v e ly
( w ) and H,„. ^(w)
Primary and s eco nda ry  sourc e loudspeaker 
transfer fu nc t i on s res p ec t i ve ly
H 1..3 ( s ) Lapace transfer fu nct ion  of loudspeaker 
(equ at i on  A . 1 )
Hr X ( w ) —H k^ . ( w )
El ec t r oa c o us t i c transfer fu n ct ion  to represent 
the product of the duct tr an sdu cer s transfer 
functions, defined in eq u a t i o n s  2.16-2.19.
H,-om ( w >
Transfer fun ct io n of the filter compensa ti ng  for 
the trans duc ers  in the ANC system feedforward 
path
H kv ( w ) Pr oduct of all the duct trans duc er s transfer
func ti o ns  as defined in e q ua t i on  2 . 2 2
H,, (  5 ) Second order low pass analog filter Laplace
transfer fu nc ti o n  as defined by equatio n D.I
H^m(w) Electrical transfer fu nction for the input
anti-ali asi ng  filter in a sampled data system
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Hr<r; ( w ) Electrical transfer fu n ct ion  for the output
r e - c on s tr uc t io n  filter in a sampled data system.
Hp,T. (w) Transfer funct ion  for the analog input stage of 
a sampled data system
Transfer functi on  for the analog output stage of 
a sampled data system
Transfer funct ion  associated with analog to 
digital converter
h ,_3 ( t ) Loudsp eak er  impulse re sp on se (equation A . 9)
j -J-1
k S ti f fn ess  of a loudspeaker cone
Lx-L-i Var io us duct lengths, as shown in figure 2.1
L Overall length of duct in fi gur e 2.1
Lpr Electrical inductance
m Integer subscript, also used to denote the order
for a FIR filter
mr Added mass  co rr esp o n di n g  to the radi ati on
re act an ce  of loudspeaker
n Integer subscript, also used to denote the order
for a IIR fiI ter
P/A Power amplifier
P 1 and p æ
Poles of a second order lowpass digital filter
R Re s is to r s shown in figure D.I
Re. Electrical r e si st an ce
Rr- R a d ia t i on  res is t an ce
Rm Mechanical r es ist an ce
RC Analog re - co n s t r u c t i o n  filter
r R e f le c ti o n  co ef ficient
s Lapl ac e var ia bl e
S/H Sample and hold
SneR-(w) Feedf or wa rd sensit iv it y fu nc tio n  
S-r-(w) Residual feedback sen si tiv ity  function
S»-,sx(w) Acoustic feedback se nsi tiv it y function
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T Sampling period
T (w ) Transfer fu nc t i on  for the residual feedback in
the ANC system
t,:, Phase delay
t c, Group delay
V  <-, ( W  ) —  V  ;;.j ( W  )
Complex sp ectra of v ol ta ge s at the duct 
terminals 0, 1 , 2  and 3 re sp e ct i v el y  (shown in
f i gure 2.1)
V :r. rxi ( B ) and V c ... k(s)
L ap la ce  tr ansform of the input/output volta ge s 
for the second order low pass analog filter 
shown in fi gu re  D.I
w Angular frequ en cy
w,_ Analog filter c u t- o ff  fr equ en cy
Wo Digital filter cu t- o f f fr eq u en c y
w(t) Time s er ies  due to the co n v o l u t i o n  of a sampled
ba nd l im i t ed  ver i on  of the input signal x(t), and 
the digital filter c o e f f i c i e n t s  d(t) as shown in 
figur e 3.3
X (n ) Digital input e x c i t a t i o n  signal
X (w ) or X (t )
Input ex c i t a t i o n  signal in either the freq ue ncy  
or time d om ain  for a sampled data system to 
model a c o n t i nu ou s  sys te m as shown in figure 3.3
Yss(z) Input tapered swept sinuso id  ex c it a t io n signal
Y 1. ( z ) , Ya>(z) and Y^(z)
z-tr an s fo r m  of y ,. ( n ) -y;=, ( n )
y X (n ) , ye(n) and y^ < n )
Time serie s for the si gna ls  used in figure 3.4
Y c> :». ( z ) (or yc x ( n ) etc.
z-t ra n s fo r m  (or time series) of the captured 
signals. The s u b sc r i pt s  0 and 1 etc, denote the 
point of c a p t ur e of the signal (say terminal 1) 
and the point of injection of the excita ti on  
signal (say terminal 0).
Y f.^pï(z ) Fr equ e n cy  respon se  of the captur ed signal from 
passing the swept sinuso id signal through the 
cascaded co m b i n a t i o n  of the analog filtering of 
the fe edf o r wa r d  and feedback sampled data 
s y s t e m s .
21
V ; r-- ( w  )
Y_(Z)
Band 1 i m i ted 
signal (figure 4.18)
swept sine wave
Zero delay ve r sio n of the signal ; .
z -t r an sfo rm  va ria ble  
Electrical impedance 
Mechanical impedance.
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L .1, s:r OF=- FX'O URES
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Figure i Various ANC svstem configurations
Fi gu r e 2.1
Fi gu r e 2.2 
Fig ur e  2.3
F igure 2.4
F 1 gure 2.5
Figur e 2.6
F ig u re  2.7
F ig u re  2.8
F igure 2.9
F igure 2.10
F i gure 3.1 
Figur e 3.2 
Fi gu r e 3.3
F igu re  3.4
Layout of the duct tr ans ducers for the 
d e t e r m i n a t i o n  of the black box transfer 
fu nction
Al te r n a t i v e  ways of implementing the black 
box transfer funct io n
All digital system:
Black box re al i sa t i on  as a single sampled 
data system
Hybri d system:
Black box r e a li s a ti o n  as two independent 
sampled data systems
Mo del li ng of the four el ec tr o ac o u st i c  
transfer fu nct i o ns
Ho I ( w ) , H<;:i.'=j ( w ) , H.^-»::-j ( w ) , and H k» .i. ( w  )
A nt i -a l i a s i n g  filter
Impulse and freg ue ncy  re sp on s e  for analog 
ba nd p as s  filter of the sampled data system
Impulse and fregu enc y r e s po ns e s of the 
feed fo r wa r d  path, including microphone, 
b a n d p a s s  fil ters and loudspeaker
All-di git al  system
Impulse and fregu en cy  r e s p on s e  for feedback 
filter for a n o n - r e f l e c t i v e  duct
All-di git al  system
Impulse and fr eg uen cy re s p o n s e  for a 
fee dba ck  filter with re f l ec t i on  
c o e f f i c i e n t s  shown in table 2.2
Impulse and freg uen cy  re s po n s e for the 
f ee d fo r w ar d filter (assuming perfect analog 
el e m e n t s  in the f eed for wa rd  path)
Model re fe r e nc e  approach for FIR system 
id en ti fic at io n
Mod el l i ng  of a c o nt in uo us syst em using a 
FIR sampled data system
Sh ows  the si gnals and transfer fun ctions 
involved using a sampled data system to 
model a co nt i nu o u s system
Me as u ri n g  pro ce d ur e  for the mo delling of a 
co nt i n u o u s  system by a sampled data system
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Fi gu r e  4.1 Eq uipment for the m ea su re men t of si gnals to
de ter m in e  the ch a ra c t e r i s t i c s  for the two 
filters needed in the black box fe edf orw ar d  
and feedback path
Fi gur e 4.2 Layout of the ap pa ra tus  to ap pro xi m a te l y
de te r mi n e  the impulse re spo ns e of the 
e l e c tr o ac o u st i c  feedback path in the 
experimental wooden  duct
Figu re 4.3 Swept sine wave
(a ) T i me s e r i es
(b) Fre qu en c y  response
F i g u re  4.4 Hybrid system:
Im ple me nt a t io n of a sa mpled data system to 
model the elec tr oacoustic feedbac k path
Fi gu r e 4.5 Block diagram s i m p l i f i c a t i o n  of figure 4.4
Fi gu r e 4.6 Hybrid system
Me as u re m e nt  of sig nals for the model li ng of 
the feedback path
F i g ur e  4.6 Hybri d system
Me as u ri n g  pr o c ed u r e for the mo de ll ing  of 
the duct e l e c t r oa co u st i c  feedback path
Fig ur e  4.6(d) Hybri d system c o mp e n s a t i n g  parallel 
feedb ack  sampled data s ys tem
F ig u re  4.7 Hybrid system, a ne c h oi c/ a ne c h oi c
terminât ion
Me as u ri n g  system to d et e r m i n e  the 
c ha r ac t e r i s t i c  for a digital filter in a 
sa mpled data system for parallel feedback 
cancel 1 at ion
Fig ur e  4.8 Fe ed bac k filter. Hybrid system,
a n e c h o i c / an e c ho i c  t e rm ina ti on  
Ca pt ur ed time series and freq uen cy  
re spo ns es
Figure  4.9 Hybri d system, an e ch o i c/ an e ch o i c
term i nat ion
Co mp u te d  fr equ en cy r e s p on s e s from measu red  
sig nal s for the feedback path
(a) required digital filter respons e needed 
in the sampled data syste m
(b) ele ctr o ac ou s ti c  feedback path to be 
mo del le d by the feedback sampled data 
sy ste m
Fi gur e 4.10 Hybrid system, a n ec ho i c/ a n ec h o ic
te rm in ati on  FIR a pp r o x i m a t i o n  for the 
digital feedback filter impulse and 
f re q uen cy re sp ons e for various numbers of 
coeffic ients
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Fig ur e  4.11 Hybrid svstem, ane ch oic /a n ec h o ic
te rmination
Feedback ca n c e l l a t i o n  for var i o.us number s 
of FIR c o e ff i c ie n t s
F igu re  4.12 Hybrid system? a ne c h oi c /a nec hoi c
term i nat i on
Impulse and frequency resp on ses  for the 
feedback sampled data system for various 
numbers of FIR c o e f f ic i e nt s
Fi gu r e  4.13 Hybrid system, an e c ho ic /a nec ho ic
term i nat ion
Experimental arra ng men t for test of 
feedback i m pl em en tat ion
F i g u re  4.14 Hybrid system, an ec h o ic / a ne c h oi c  
termination. Test for feedback 
canc ellation. Me as ure d transfer fun cti on  
for the e l e c tr o a co us t ic  feedback path
Fi gu r e 4.15 Hybrid system, an ech oi c /a n e ch o i c  
termination. Test for feedback  
ca ncellation. Measure d transfer functi on  
for the sampled data syste m
Fi gur e 4.16 Hybrid system, an ec hoi c / an e c ho i c  
termination. Test for feedback  
can cellation. Mea su re d transfer fun ct io n  
ampli tud e re s p on s e s for the feedback path 
and parallel sampled data system
F i g u re  4.17 Hybrid system, a ne c ho i c /a n e ch oi c  
termination. Test for feedback 
can cel lation. Measured c a n c e l l a t i o n  without 
and with the sampled data system employing  
a 61 point FIR filter
Fi gu r e  4.18 All-digital system, ane c h oi c / an e c ho ic  
term i nation
Me asu r e me n t  of the s ig na ls  to de t e rm i n e the 
c ha r a ct e r is t i c for a digital for parallel 
feedback c an c e l l a t i o n
Fi gu r e  4.19  Feedback filter. All-digital system, 
anecho i c/anec ho  i c termi nat ion.
Measured impulse and f re que nc y respon se  for 
the feedback filter required for a l l -  
digital c a n c e l l a t i o n  of the ele ct ro ac o u st i c  
feedback path
Fig ure  4.20 All -d igital system, a n e c h oi c/ a ne c h oi c  
terminat i on
FIR filter a p p r o x i m a t i o n  to Figure  4.19 
Feedback ca n c el l a t i o n  for var ious numbers 
of c o ef f i c i e n t s
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Fi gu r e  4.21 All-digital system, anech oi c/ ane cho ic  
termination
Feedback c an c e l l a t i o n  for various numbers 
of FIR co e ff i c i e n t s
F i g u re  5.1 Layout of duct transducers, together with
the analog interfaces needed for a digital 
implem ent at io n of the feedf orw ar d filter
Fi gu r e  5.2 Block d ia gra m re p r e s e n t a t i o n  of the system
shown in figure 5.1
Fi gu r e  5.3 Me asu ri ng system to d e te rm i ne  the
c ha r ac t e ri st i c for a digital filter in a 
sampled data system  to model the 
f ee df or war d path
F igu re  5.4 Fee df o r wa r d  filter. A ne c h oi c /a nec hoi c
terminat i o n .
Ca ptu re d sig na ls time series and frequency 
respo nse s
Fi gur e 5.5 A n e ch o i c/ an e ch o i c termination. Perfect
feedback c an c e l l a t i o n
Digital f ee dfo rwa rd  filter impulse and 
fr eq u en c y  re sp o n se s  compu ted  di rectly from 
me asu re d sign als  and FIR approximations.
Fi gu r e 5.6 A n ec h o i c / a n e c h o i c  termination. Perfect
feedback c an c e ll a t i o n  
P re d ict ed a t t en u at i o n for vari ou s  
f ee d fo r w ar d filter lengths.
Fi gu r e 6.1 Transfer fu nc tio ns and the signals involved
in the re a l is a t i o n  and the ev a l ua t i on  of an 
ANC system
Fi gu r e 6.2 Hybrid system, an e ch o i c/ a n ec h o ic
terminat ion
Digital feedback filter impulse and 
f re q u e n c y  re s p on s e s co mpu te d directly from 
me asu re d signals and FIR approximations.
F igu re  6.3 Hybrid system, ane ch o ic / a ne c h o ic
terminât ion
Digital fe e df orw ar d filter impulse and 
fr equ en cy  res po ns e  com pu ted  di rectly from 
measur ed signals and FIR approximations.
Figur e 6.4 Hybrid system, an ec hoi c / an ec h oi c
terminât ion
Open loop gain  re spo n s es  for various filter 
length combinations.
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Figure 6.5
Fi gur e 6.6
Ftybrid system, a ne c h oi c /a nec hoi c  
t e r (Vi 1 n a t i o n
Closed loop impulse and frequency respo ns es  
for vari ous  filter length combinations.
Hybrid system, a ne c h oic /an ec hoi c  
termina tio n
Pr edi ct ed  at t e n u a t i o n  for various filter 
lenoth combinations.
F i g ur e  6.7 Hybrid system a ne ch o ic / a ne c h oi c  termination
P re di ct ed at t en u a t i o n  for a further filter 
length combination.
F igure 6.8 
Fig ur e  6.9
F i gure 6.10
Fi gu r e  6.11 
F igure 6.12
F i gure 6.13
F igure 6.14
Se ns i ti v i ty  functions, hybrid system, 
a n e c h o i c / a ne c h oi c  te r mi nat io n
All-dig ita l system, an ech oi c /a n e ch oi c  
terminat ion
Op en  loop gain re s po n s es  for various filter 
length co mbinations.
All-di git al  system, an e ch o i c/ ane ch oic  
t e r m i n â t ion
Pr ed ic ted  at t e n u a t i o n  for various filter 
length combin ati on s.
Se ns i t i v i t y  functions, all-digital system, 
a n e c h o i c / a n e c h o i c  te rmi n a ti o n
A n e c h o i c / a n e c h o i c  ter mi n at i o n  
Dir ec t l y com put ed  from mea su re d signals, 
the impulse r e s p on s e s of the two different 
feedback pa th s of the hybrid and 
all-digital systems.
Hybrid and all-digital system, open /op en  
terminât ion
Cap tu r e d s ig nal s time seri es  and frequency  
r es p on ses
Table showing the pr edi c t ed  p er fo rm anc e of 
an ANC sy st em  in an e xp eri me nta l duct three 
di ffe re nt  end terminations.
Append i xes 
F igu re  A .1 P o l e -z e r o plot for KEF loudspeaker transfer 
fun ct i o n
Figu re A . 2 and A . 3
Impulse and f r equ en cy  re sp on s e s  for a KEF 
1oudspeaker
Fig ur e  C.l S i g na l s  and transfer fu nc ti on s  used in the
m od e ll ing  of a d i s cre te  time delay system
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Figure C .P 
Figu re C .3,
F 1 gure C .6
F igure D .1 
F i gure D .2 
Figure D.3
Figure D .4
Figure D.5
F igure D .6
Block di a gr a m  for the me as uring sequence 
needed for a sampled data system to model a 
pure di s cr et e  time delay
C .4 and C .5
Sa mpled data system impulse and frequency 
re sp o ns e s  using a 256 co ef fi c i en t s  FIR 
filter to model va rious time delays
P red ic te d a t te n u at i o n for a sampled data 
s yst em  em plo yi ng  a FIR filter with 256 
c o e f f i c i e n t s  to model various time delays.
Second order low pass filter
Lowpa ss digital filter po le-zero olot
Sh ow s  how a real system in ca scade with its 
inverse can be used to model a delay
Inverse lowpass digital filter z-plane 
p ol e -ze ro plot
Inverse lowpass digital filter impulse 
res pon se
Im pl e me n t a t i o n  of the inverse lowpass 
digital filter impulse respons e shown in 
fig ur e  D .5
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i . ] IN I R Ü D U C T 1 UN
Acti ve noise control (ANC) is conce rn ed  with 
a ch i evi ng some degree  of ca n c el l a t i o n  b et wee n the pri mar y  
field from a sound source and the output from one or more 
a ct iv ely  co ntr ol l ed  seco nda ry  sources. Though an ANC 
syst em can be used to control 3-dimensional sound field s  
[1] [2] [3], most work has been carried out on the
simpler pr ob l e m of c o nt ro ll ing  a 1-dimensional sound 
field. One p ar ti cu lar  practical a p p li c a ti o n  of ANC (that 
has re cei v e d c o n s i d e r a b l e  att en t io n  over the past 10-15 
years, on a laboratory scale) is that of the control of 
the sound field inside a ve n t il a t i o n  duct. The p r obl em of 
ac hie vi ng  at t e n u a t i o n  of unwanted low freq uen cy acoustic 
no ise  in v e n t i l a t i o n  duc ts  is a de s ir ab l e practical goal. 
A c t i ve  control has been used for the a tt e n ua t i on  of noise  
be low the cu t - of f  fr eq ue ncy  of the ducts, where there is 
no t r a ns v e rs e  mod e pr o p a g a t i o n  (i.e. 1-dimensional sound 
field). Below the cut -o ff fr equ en c y the nece ssa ry  
c om p l e x i t y  and ar ran gem en t of se co nd a r y sources is 
simplified, leading to the p o s si b il it y  of a practical 
sol ut i on  to the problem. A t t e n u a t i o n  of wideband low 
fr eq u en c y  noise by p a ss ive  means can be ex pen s i ve  and not 
very e f fe c t i v e  be ca u se  of the long w a v el e ng t h s involved. 
At high f r e q u e n c i e s  pas si ve means of at t e nu a t io n  are very 
ef f e c t i v e  so there fo re  a c om bi n a t i o n  of active and 
p as s i ve  control could be the so lut i o n to the removal of 
un wan te d wi de ban d noise [4 J .
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Acti ve a tt e nu ati on in a duct can occur by 
a bs o r p t i o n  ot the primary sound energy or by re f le c t io n  
of the sound energy back up s tr ea m  in the di re cti on of the
source. The two proc ess es involved are abso rp ti on and
re fl e c t i o n  of sound energy. With the re fle c t iv e  type of 
attenuator a standing wave is set up on the up st rea m side 
of the se co n d ar y  source(s). With an abs or p ti v e  at tenuator 
the sec on da r y  source(s) are used to absorb energy from 
the incident prima ry  field. The main requi re men t for this 
type of at ten ua tor  is that the s eco nda ry  source(s) should 
give a un id ir e c ti o n al  output in the d o w n s tr e a m direction.
Une a dv ant age  of an ANC system is that the, 
pr es e n c e  of the se con da ry  source(s) in the duct need not
impede the flow of air through it, unlike some
co nv e nti ona l si le n c er s which do cau se  a pressu re  drop to 
be developed.
1.2 R EV I EW  OF ANC SYS IEMS
1.2.1 I n tr od uc tio n
A number of ANC sy stems have been designed and 
e x p e r i m e n t a l l y  tested over the past 10-15 years. A 
s ummary of the various types of system which use either 
o n e , two or three loudspeakers as secon da ry  sources, and
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empl oy one or more m i c r o ph o n es  as sensing transducers is 
shown 1 n Iable I.
lab 1e J
ANC Syste ms
R e f l ec t i ve Ab so rp ti ve
Attenuat or Attenuator
Con ven t i on a l  Mo no p o le Jessel System
Tandem  Mo n opo le S w i n ba n k s System
C h e l se a  Monopo le
Ch els ea  Dipole
What fol lows is a brief account of the ANC 
sy st e ms  gi v en  in the table with e m p ha s i s on the monopole  
type of attenuator.
The experimental re su lt s for the above systems 
are giv e n  for systems installed using off -t he -s h el f  
analog h ar d w a r e  to control these systems.
1.2.2 Con ve nt i o na l  mo no p ol e  system  [6] [26]
This is the simplest type of ANC system
b a s i c a l l y  co nsi s t in g  of a sensing transducer (microphone) 
to detect the incident p r ima ry field and a secondary
transducer (loudspeaker) to pr o d uc e  the inverse field
(see figu re  1 >. a ) ) . By e m plo yi ng  a simple electrical 
delay be t w e e n  the m i c r op h o ne  and the loudspeaker this
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system will give m ax i m u m  a tt e n ua t i on  at a frequency where 
the m i c ro p ho n e  loudspeaker spacing is a quarter of a 
wavel eng th . However, the f re que nc y range over which 
a tt e n u a t i o n  is ef f e c t i v e  is verv narro w and for this and 
other r ea s o ns  the convent ion al  mo n o p o l e  system will not 
lead to a practical s o lu tio n to at te n u at i o n of wideband 
low fr e qu e n cy  noise.
1.2.3 Co m p en s a t e d  m o no p o l e  syste m
With the convent ion al mo no p o le  system the 
incident sound is re fl e c te d  u p s t r e a m  toward the source 
end. This r e f l e c t i o n  is due to an impedance change caused 
by op er a t in g  the se c on da r y source in an ti pha se to the 
p r i ma r y  sound field. This impedance chang e leads to the 
fo rm a t i o n  of a st an din g wave on the up st r e am  side of the 
se con da ry  source. This mean s that an om nidirectional  
mi cr o p h o n e  will sense both the incident and reflected 
sound pressure. For the mo n op o l e to be ef fe ct i ve  then, it 
is d e s i r a b l e  that the mi c r o p h o n e  should respond to the 
incident p r e s su r e  only. This r eq ui re men t ne c es si ta tes  the 
use of a uni dir e ct i o na l microphone. But this microph on e  
needs to satisfy the re qu ir e me n t  of good
u n i d i r e c t i o n a l i t y  over the enti re  fre quency range of 
interest. Also the use of a u nid ire ct ion al micr op ho ne  
will introduce additional am p l itu de and phase shift into 
the system. S i nc e a high level of accura cy  is needed in 
both am p li t u de  and phase to obtain good attenuation, this
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will mean that any additional a mp l it ude  and phase shift 
introduced into the system will have to be co mpe nsated  
for. In pr act i c e it may be di ffi cu lt to get the required 
de gr e e  of u n i d i r e c t i o n a l i t y  over the frequency range of 
interest, and to be able to co m pe n s a t e  for the frequency
dep en d e nt  am pli tu de  and pha se  shift caused by the use of
the microphone.
Instead of trying to e l i m in at e  the effect of 
the re flection, it may be better to incorporate it into 
the attenu ato r design. The attenuator would have to be 
able to c o mp e n s a t e  for the fact that the mi cro pho ne  will 
detect both the incident and reflected waves. The
re fle ct ed  wa ves will act as a feedb ack  signal between the 
loudspeaker and the mi c ro ph o ne  positions. Because of this 
feedback, then, the co n ce p t s used in control theory can
be applied to the desig n of the attenuator.
One of the c on s e q u e n c e s  of the feedback signal 
IS the likelihood of the syst em  going unstable, rendering 
the sy st em  p r a c t i c a l l y  useless. This is a major pro ble m 
with the co nv en tio nal  mo no p ol e  syst em  where the feedback 
signal is not c o m p e ns a t ed  for. The idea of designing and 
implementing an el ec tr oni c syst em  or black box that when 
placed b e t we e n  the d ete cti ng  mi c r o p h o n e  and the secondary 
source loudspeaker would cancel e l ec t ri cal ly the effect 
of feedback and also have the desired transfer function 
to achi eve  c a n c e l l a t i o n  of the unwanted acoustic noise 
was e x p e r i m e n t a l l y  investigated by Leventhall & Eghtesadi
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1 6 J. ihey showed that for the verv simple model thev 
looked at that the req ui re men t for the black box was that 
the transfer f un cti ons  needed to model the system
feedforward and feedback path were pure time delays,
namely the acoustic p r o p a g a t i o n  time bet ween the
dete cti ng  m ic r o p h o n e  and the secondary source
loudspeaker. The im pli ca tio n there for e was that the black 
box could be s y nt hes is ed  by having two electrical time
de lay s c onn ect ed  in a feedback configuration.
Ex perimental inv es t ig a t io n into such a system,
implemented by analog means, gave the following results.
I he syst em  was ca p ab l e  of pr odu ci ng an average 12dB
a t t en u a ti on  acros s a fr e q u e n c y  range of 40-320Hz when the 
pri mary source ex c i t a t i o n  was pur e tones. However when
the input ex c i t a t i o n  was b ro adb and  random noise, the
level of at te n u a t i o n  was only 5dB across the fre quency
range 4 0 - 2 4 0 H z - The mai n  c o nc l us i o n drawn from this
exp eri me nt  was that there was a need to take into account
and c o mp e n sa t e  for the effect of the secondary source
transducers. It is of interest to note that the
i nvest igators did not sp ec i f y how stable  the system w a s ,
which is important for any practical im plementation of an 
ANC system. The s t ab i l it y  pr ob l em  and the need to
co mp e ns a t e for the se c o nd ar y  source tr an sducers
di sc ou rag ed in v est iga to rs  from trying to synthe si se the 
black box using analog means.
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l.d.M I 1qht-Coup1ed monopole system
in order to simplify the r eq ui re men ts  for the
black box Leventhall and tghtesadi LluJ proposed that the
dete cti ng  m i c ro p ho n e  should be placed close to the 
sec ondary loudspeaker in order to mi ni mi s e  the amount of 
acoustic delay in the system, (his resulted in a system  
that they called the "Tight Coupled Monopole". 1 he amount
of at te n ua t i on  repor te d from experimental inv es tigation  
was an av er ag e of 12dB for pure tones over the freq ue ncy  
range 4 0 — 300Hz. (he a t te nu a t i o n  of random noise having a 
band wid th  of 316Hz was variable, and of the order l-20dB. 
The pe r fo r m a n c e  of the system was found to be limited by 
s tab il it y which c o n s t r a i n e d  the amount of gain that could 
be in corporated into the syste m and the effect of cross 
modes in the duct. The effect of the duct cross mode s
below the duct cu t- o f f fr e q ue n c y means that the sensing
m i c r op h o ne  should be in a p o s it i o n up s tr eam  of the 
secondary sour ce  loudspeaker (far field) so that these 
evanes cen t wave s (loudspeaker near field) have decayed to 
an in significant level C73.
Irinder and Ne ls o n  L83 attempted to predict 
ana ly t i ca l l y  the o p t i m u m  p o s i ti on  for the sensing 
microphone, taking into account the effect of the
loudspeaker near field. Their pr ed ic t i on  initially
resulted in a syste m that was u n st a bl e at frequ enc ies  in
excess of 500Hz. In order to st ab il ise  the system they 
employed an activ e filter with a cut-off frequency of
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4 w H c to s u ff i c ie nt l y att en u a te  these fre qu encies so that 
the res ultant system would be stable, it was then found 
that the system produce d a ma xi mum  amount of at t e nua tio n  
(up to 20dB) at the duct longitudinal modes frequencies. 
However at ce rt ai n fre q u en c i es  in betw ee n the
longitudinal modes very little or no at t en uat io n was 
achieved, which they claimed was due to the s y s t e m ’s open 
loop r e sp o n se  having a low val ue  of gain at these 
fre qu e n ci e s  and the influence of longitudinal modes  
bet we e n the loudspeaker and the do wns t r ea m end of the 
due t .
it should be e mp has is ed that the p e r f o rm an c e  
of the 'Tight Coupled Monopole' depe nd s cri ti cal ly  on the 
amount of gain  in the system fe e d for war d path, and that 
in pr i n c i p l e  in order to ac hieve ma ximum at te nu a t io n  
means increasing the gain to the level where the system 
is on the verge of instability. Pra ct i ca l l y this mea ns  
that if the sy st e m  is left unatten ded  then it may go 
un st a b le  due to p ar ame ter  ch anges such as temperature, 
analog drift etc.. Also the system  per fo r ma n c e in terms 
of st a bi l i ty  and a t t en u a ti o n  is sens it ive  to the 
sel ec t i on  of the t ra ns du cer s and the po si tioning of the 
sensing m i c r o p h o n e  with respect to the secondary source. 
Ihis was g r a p h i c a l l y  illustrated to the author when he 
did some ex pe rim ent al  in ve st iga tio n of the Tight Coupled 
Mon opo le  syste m himself, and found drastic di ffe re n ce s  in 
system p e r f o r m a n c e  when  small ch an ge s were made to these 
t h 1 n g s .
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1.2.5 Fight-Coupled tandem Monopole L5J
This system co ns ist s of two single mon opo le  
sys tem s working in tandem (see figure 1 b)). It is 
s upposed to work on the p r in ci pl e that the residual sound 
field re ma ini ng after c an c e l l a t i o n  by the u p st rea m  
monopole, will act as the pri ma ry noise input to the 
d o w n s t r e a m  monopole. Hence op er ati ng both systems 
together should en h an ce  the level of at te n ua t i on  compared 
to what would be achieved with a single mo no p o le  system.
it IS diff ic ult  to assess the advan ta ge of 
using such a sy s t em  over single mon op o le  system in 
practice, on account of the complex interaction that 
o ccu rs  be t w e e n  the two systems i.e. the system will have  
more c o m p li c a te d  feedf orw ar d and fe edback path transfer 
functions. The syst em  also has the inherent pr ob l e m  
a ss oc ia ted  with the single mo n op o l e s ys tem  of em pl oying 
high open loop gain  that can cause instability. For this 
re aso n the resul ts obtained from experimental
in ve s t ig a t i on  have not been quoted here.
1.2.6 Jessel S yst em
In an attempt to pr od uce  a unidirectional 
sec on d a ry  source both the Jessel Cl 13 and the Swi nb an k s  
C143 syst ems  were proposed. The Jessel system was
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operate d as a Iripole system i.e. m on op o l e / d i p o l e  
c o m b i n a t i o n  (see figure i <. c > > . The mon op o le  source 
loudspeaker is placed b e twe en  the two loudspeakers
fo rming the di po le pair and is op era ted  in such a way as
to pr event the dipole pair from radiating ups tr ea m
towards the prima ry source. Ihis sy st em  with its added 
c o m pl e x it y  is seen to have the a d va n t ag e  that it pre ve n t s  
the f o r m a t i o n  of the standing wave, and the con seq ue nt  
increase in sound pr es su re level b e t w e e n  the pri mary and 
se con d ar y  sources. This implies that the system will
prev ent  any fe ed bac k from the se co nd a r y sourc e to the 
sensing m i c r o p h o n e  so that the system should be stable.
(his syste m was e x p e r i m e n t a l l y  investigated by 
Jessel, M a n g i a n t e  and Ca nevet Cl 13 C123 C133. Though
these i n ve s t ig at o rs  were able to at t en uat e pure tones, 
the s yst em failed to pr od uce  any e n c o ur a ge m e nt  when it 
came to using broad ba nd  ran d om  noise, giving nil 
at tenuat i o n .
1.2.7 Sw i n ba nk s  System
(he S w i n b an k s  system C 14 3 consi sts  of two 
se co n da r y  sour ce loudspeakers dri v en  as a dipole pair, 
such that the system pro du ces  the desired effect of 
c a n ce l l in g  the prima ry  sound field do wn s t re a m  of the 
se con d ar y  sourc e (see f igure 1 d ; . I he system is intended 
to pr event any rad ia ti o n  from the d ow n s t r e a m  loudspeaker 
travelling back up the duct toward the sensing
40
microphone-, by oper at ing  the u p s t r ea m loudspeaker so that 
it will absorb the secondary source radia ti on  travelling 
in that direction. The system o ffe rs the same advant age s  
as the Jessel system without the added co mpl e x it y  ot 
having three loudspeakers.
E x p er i m en ta l ly  the Sw in b an k s  system was 
inves tig at ed  by Poole and Leventhall [15] who obtained 
e nc o ur a g i n g  result from manua lly  adju sti ng  amp li fi e r s and 
ph as e  sh if te r s  in the system to obtain maxi mum
at t e n u a t i o n  at spot fr e qu e n ci e s  in the range 140-320Hz. 
The ave r ag e level of at t e nu at i on  over this range was 
20dB. For lOOHz bro adband noise with centre frequency 
243Hz, the av er ag e  a t t e n ua t i on  recorded was 16dB.
1.2.8 C h e ls e a  Dipol e Syste m
In the Ch elsea Dipol e C 9] the sensing
m i c r o p h o n e  was located at the ge ometric centr e betw ee n  
two se c on da r y source lou dsp eak er s (see figure 1 e). The 
idea here is to drive the two loudspe ake rs in such a way 
that the net sec ondary sound field at the sensing
m i c r o p h o n e  is zero. This implies that m i cro ph on e will 
respond only to the incident pr im ar y field, and there 
will be no feedback present in the system and hence the 
sy ste m would be stable. However the dipole source will 
rad ia t e s e con dar y sound pr e ss u r e in the ups trearn,
di re c t i o n  towards the primary source forming a standing
wave. E x pe r i m e n t a l l y  the system was Tound to give results 
similar to those of the m o no po le  system .
1 .2.9 Summary
It must be emp ha sis ed that the experimental 
re sul ts  obtain ed for the various sy ste m descr ibe d in this 
se ct i o n were all implemented using analog hardware. Much 
of the exp eri men ta l data was obtain ed  by manually
adju sti ng  the co nt ro ll i ng  h a r dw a r e (i.e. amplifiers, 
pha se shifters, time dela ys etc) to obtain maximum 
a tt e n u a t i o n  at spot frequencies. There was no attempt to 
try and c o mp e n s a t e  for the non-ideal transducers such as 
the loudspeaker, which introduce sig nificant amplitude  
and pha se distortion. However the need for such 
c o m p e n s a t i o n  was advoc at ed  by a number of authors [4] C63
[14] [15]. [he ge o me try  of the secondary source
t r a n sd u c er s  gave a f req uen cy  de pen de nt res po ns e which 
limited the pe r f o r m a n c e  of the systems. In di s cu ssi on of 
the p r ob l e m  of system stabi lit y and the el im in a ti o n  of 
feedback by either electrical filt eri ng or by suitable  
ge ome trical se pa r a ti o n  of se con da r y source transducers  
[6] [9] [11] [14] there is no experimental data to
qua nt i fy  the re lat i v e improvement in stability. In the 
light Cou ple d M o no p ol e  Sys te m it was advocated that the 
system gain  should be increased until the system was on 
the ve rge of going unstable.
It 15 difficult to d e t e rm i n e tfie relati ve
me rit s of the systems d i scu sse d in this section, on 
account ot the tact that the experimental data were 
record ed under widely di fferent conditions, e.g. type and 
size of duct, sec ondary source loudspeaker etc., so the
re sul ts  reported are for pa rt icu lar  situati ons  only. 
However the indications are that, in terms of pe r f or m a nc e  
and simplicity, the c o mp en sa ted  m o no p ol e system is worthy 
of further investigation. However the advan ta ge  of having 
a un i di re ct ion al secon da ry source, for minimum added
co mp l e x i t y  fa v ou r s  the use of the Sw inb an ks  System and 
also the expe ri men tal  ev id e n ce  fa vo ur s the Sw in ba n k s  
S y s te m  rather than the Jessel type attenuator that
e m p lo y s  three loudspeakers. It may well be that a
c o m b i n a t i o n  of the ideas behind the co mp en sat ed mo nop o l e
together with a S w in ba nk s type of detector and source
a rr a nge men t may pr ove the best.
1.3 DIGITAL F I LT E R I N G
1.3.1 Fixed f i l t e r s
The ob j ec t i v e s  of any ANC system should be the
f o l l o w i n g :
a) to achieve as much a t t en ua t io n  as possib le  across a 
broad freq ue ncy  band, 
b ; to be a stable system,
c) to pr o d uc e no en han ce m en t  at any frequency.
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these o b j ec t i ve s ideally should be met without the need 
tor manual adj ustment or r e - ca l ib r a ti o n  ot the system, 
there are limitations on the physical re a lis abi li ty and 
com pl e x it y  oT the electron ic syst em  it it is to be 
implemented as an analog t i 1 tet* . t-towever these 
limitations are not so severe if digital filtering is 
used. The advent of low cost, high speed mi cr opr oc e ss o r s  
since the late 1970's has meant the app li c at i o n of 
digital filte rin g to the pro b l em  of ANC has now become 
economical. The s u p e ri o r it y of digital filtering over 
that of analog ind icates that a digital based system 
should give better per formance. For this reason the 
r es ul ts  obtain ed from applying digital filtering to the 
pr ob l e m of ANC are c o n si de r ed  next.
It is hoped that the use of digital filtering 
will mea n that it will be p o s si b le  to desi gn and 
implement an ANC s yst em c ap abl e of working under widely 
di ver se  conditions, so that such a system will one day be 
av ai l ab l e  oft the shelf. A system for widespread
ap pl i ca t i o n s  must be ca p a b l e  of giving a guarant eed  level 
ot p e r f o r m a n c e  in terms of at t e nu a t io n  and stability, and 
also it must be robust and re lia b l e enough to work in 
adv ers e co ndi tions. The syste m rob us tn e s s will depend in 
part on the se le c ti o n  of su it a b le  secondary source 
t ran s d uc e r s to meet the pa rticular environmental 
c o n d i t i o n s .
Une OT the major adva nt ag es ot digital 
t liter ing over analog is the relative ease w i tli which it 
is po ss i b le  to implement an arbitrary impulse response.
I he s i gn i f ic an c e of this is that the transfer runction(s) 
needed in the ANL system can be de termined exp er i me n t al l y  
from the real system and then implemented directly using 
digital filter(s). Ihis was recognised by Ross C16] [17]
who devel ope d an al go rit hm that could be used to 
d e t er m i n e the ch a r ac t e ri st i c of the 'black b o x ’. In his 
paper Ross a dv oc at ed the use of system ide ntification to 
find the p r o pe r ti e s  required of the black box and its 
i mp l em ent at io n as a fixed digital filter. The
expe rim en ta l r e sul ts from applying his method to an air 
con di t i on i n g duct was at t en u a ti o n  of the order 15-20dB 
across the fr eq ue nc y  range 25-350Hz. The input e xc it a ti o n  
signal was ran d om  noise, and the detector consisted of 
three mi c ro p h o n e s  c on nec ted  in a Sw inbanks type 
arrangement. Ross  was also successful in co nt rolling the 
low fr eq ue n cy  1-dimensional sound field inside a large 
enclosure, using a single mi cr o p ho n e  and loudspeaker with 
a digital filter of order 20. The results showed that it 
was po ss i b le  to ob ta in  a t t e n ua t i on  of the order of lOdB 
of the low fr e q uen cy sound field in an anechoic test 
chamber L 18].
I he syste m used by Ross offered a significant  
increase in the level of at t en ua ti on obtained Trom an ANC 
system compared with that ever achieved from the use of 
analog filt er ing  for the c a n c el l a ti o n  o t  broadband random  
no 1 s e .
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La F o nt a in e  and bnepherd L19J were also 
successful in ap plying digital tiltering to the design of 
a black b o x ’ for br oa db and  c a n ce ll a ti o n  in a duct, using 
the Sw in ba n k s arr ang em ent  to produce a u n i d i r e c t i o n a 1 
detector and seco nd ary  source. ihe black box was 
implemented as a transversal filter designed using
complex Fourier ana lys is  and a weighted least sq uares
algorithm. With a rando m input ex c it ati on signal the
system was found to give on average 20dB attenu ati on  over 
the fr eq u e nc y  ra nge  2 0 - 7 5 0 H z .
In ad di t i on  to pro ducing a system that will be 
stable and c a p a b l e  of pr oducing bro adband at te nu a t io n
there is the important qu e st i o n of how se nsitive will the 
system p e r f o r m a n c e  be to pa rameter changes e.g. 
temperature, analog drift etc.. The ap p l ic a t io ns  of
digital fil te r in g  d is cus se d so far were all con cerned 
with fixed filter implementations, with the implicit 
as su m pt i o n that the syst em to be cont ro ll ed is time
invariant. However a real system may well be time 
varying. For such si tu a t io n s  the black box needs to have  
s elf - l ea r n in g  c a pa b i l i t y  enabl ing  it to track parameter
changes, so that the p e r fo r m an c e  of the system may be 
mai nta in ed  near its o pt imu m level. The implication is 
that the black box needs to be adaptive.
i.d.d Adaptive tliters
Ada pt i ve  filtering leads to the po ssi b i li t y  of 
a practical s o lu tio n to the ANL. problem, that will be 
cap ab l e of wo rking in widely dive rse  situations, 
inde pen de nt ly of whether the system is time varying or
not. Ihis is why ada pt ive  filtering for ANC p u rp ose s has
rec eiv ed  c o n s i d e r a b l e  interest by recent re se ar c he r s  such 
as Ross, Warnaka, Roure, Burgess, Roebuck C203 C21] C223
[233 [243. What fo ll ows  is a brief review of the
experim ent al  re s ul t s  obtained from the app li ca t i on  of 
ad ap t iv e  filtering.
Ross [203 extended his al go ri thm  so that the 
syst em could be self adaptive. The syste m did not adapt
in a c o n t i n u o u s  fashion, but the digital filter 
c oe f f i c i e n t s  we re  p e r io di c al l y  updated to take account of 
parameter changes. When Ross e x pe r i m e n t a l l y  applied his 
self adapted a l g o r it h m  to the ca n ce ll a t i o n  of a 
1-dimensional sound field inside a wind tunnel with air
flow, the sy s te m  was cap a b le  of pr od uci ng  a t te nu at ion  
that was w i th i n  2dB of the theoretical op t im u m  level. The 
syst em em pl oy ed  digital filters having a transfer
fu nc t io n  co n t a i n i n g  20 poles and zeros, plus an extra 
filter to give delay, and the off-l ine  system
1 dent ification calcul ât  ions to up da te the digital filter
were done every 16 seconds.
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H paper by Poole and War naka 1213 disc uss es
the r e a li s a ti o n  ot a self adapt ive  system employing three
ad ap t iv e  transversal digital filters, using a modified 
W i d r o w —Hoff least mean square algorithm. h feedback
filter IS emplo ye d to pr es e r ve  the system stability, a 
second filter is used to pr od u ce  c a n c el l a ti on  of the 
u nwa nt ed  acoustic noise, and the third filter is needed 
to c o mp e n s a t e  or equ al is e the error signal, so as to turn 
this signal into a purely delayed vers ion  of the des i red 
error signal. Ihis extra delay is allowed for in the 
u pda te  algorithm. However the auth ors  did not di scl ose  
any in f orm ati on  reg arding the order of digital 
transversal fi lt e r s used, nor did they comment on the 
extent of the improvement of the system stability from 
using a parallel feedback filter. The system was reported 
as being c a p a b l e  of pr oducing 20dB att en uat ion  for
b roa db an d rand om  noise.
Work carried out by Rour e [223, produced a
self ad apt i v e  system similar to that used by Ross. The
experime nta l r es ul ts  show that the system produced
at tenuat ion of the order 2 0 -25 dB  in a duct with air flow 
of 10 m/s at f r eq u e n c i e s  up to the duct first cross mode. 
The digital filter used was transversal and the update  
was don e by a host computer. The author did not state 
what order of filter was used nor comment on the
st abi l i ty  of the system.
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1 he results quote d in this section mean that 
we can contident 1v look forward to the migr ati on of ANC 
syst ems  from the laboratory to the solutio n of real 
practical pro bl e ms  e.g. industrial air co nd iti oni ng  ducts 
etc. However the wid es pr e a d a p p li c a ti o n  ot ANC systems 
o ut s id e  the laboratory may well depend on the development  
of c o n ti n uo us l y adapt ive  systems as only this type of 
sy ste m will be capable of tracking highly time varying 
systems. However it should be appre ci ate d that there are 
p r o bl e m s associa ted  with p rod uci ng  a cont in uo usl y  
ad apt iv e system, as opposed to having the system 
s e l f -a d ap t i ve  in an o f f- l i n e  m a n n e r . It is hoped that 
these pr ob l e ms  can be o ve r c o m e  so that the use of ANC 
will one day gain w i des pre ad  acceptance.
1.4 SCOPE OF THE THESIS
I he su per i o ri t y  of digital filtering over 
analog has now been well e s t a b li sh e d in the area of ANC. 
It is for this reason that it is the ap pli c a ti o n  of 
digital fil tering to an ANC system that is co nsidered in 
this thesis. In the r e v ie w  gi ve n in this chapter, the 
sys tems e x p e ri m en ta l ly  tested were assessed only in terms
of attenuation, however it must be appreciated that the 
syste m stabi li ty  is of paramount importance for a
system van un s ta bl e  system is useless).
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information con ce r ni n g  the relative stability 
of the valons sy stems tested has not been published and 
it IS therefore d if fic ult  to e v a l ua t e  their p er f or man ce
for real practical situations, wh ere  system stability 
needs to be guaranteed. What has also been lacking is 
some q u a n ti t i ve  information co nc er n i ng  the sensitivity of 
syste m pe r fo r m a n c e  to the amount of u nc e rt ai nty  present 
(e.g. par ameter changes, disturban ce s) . The problem of 
u n c er t a in ty  can to a c e r ta in  extent be ove rc om e  by using 
ad apt iv e filte ri ng but this introduces some proble ms  of 
its own. (-or fixed filter im pl e m en ta t io n  the sens it ivi ty  
of the system to small pa ra m e t e r s  ch an g e s is an important 
question. There are also causal and stability co n st rai nt s  
on the 'black box' in an ANC system, and in the published 
work reviewed here these have not been discussed in any 
deta i 1.
I
It is with the ass es sme nt  of pe r fo rma nc e of an 
ANC system in terms of att enuation, stability and 
se nsi ti vi ty to the de gr ee  of un c e r t a i n t y  that the work in 
this thesis is concerned. The p e rf o r m a n c e  of an ANC 
system cons is tin g of a sing le  m i c r o p h o n e  and loudspeaker 
in an experimental w oo d e n duct is e va lua ted  and assessed 
in some detail. The d es ig n  and implemen ta tio n of the 
'black box' needed to make  the sy s t em  is discussed. The 
black box is designed, using control theory to derive a 
design. The c o ns t r a i n t s  of caus al ity  and system stability 
are addressed separately, by re c og n i si n g  that the black 
box needs a closed loop characte ri sti c. The concept of
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caus ali ty  is important in c o n ne c ti o n  with the feedforward 
path whe re as the system st a b ili ty depends pi imariiy on 
the feedback path. Hen ce  the two c o ns t r ai n t s of causality 
and stability can be dealt with separately. In this 
thesis the mod elling is carried out using FIR system 
identification, to de fi ne  the digital filter needed in 
each p a t h .
Be cau se  of the com pl ex i t y and the unknown 
nature of the transfer fu n c tio ns  needed in the black box, 
there is a need to de t e rm i n e -them ex pe rim e n ta l l y by 
ca rry in g out m e as ur e m e n t s  on the system. To achieve this, 
a measu rin g syst em emplo yi ng  a TM S32 010  digital processor 
was used to obtai n ap p ro pr i at e  signals and a least 
squares a l go r it h m  to d e t er mi n e the FIR filter 
coefficients. The ad v a nt a g e of this approach is that the 
p e r fo r m an c e  of the syste m can be predi cte d easily before 
any inst all ati on  costs have been incurred.
The physical system to be modelled is a 
con ti n uo u s  system, and the FIR fil ter s are used in 
sampled data systems. With the two independent FIR 
fil ters needed in the black box re a li s a ti o n  it is shown 
that there are two different p os s i b l e  ways of modelling 
the e l e c tr o ac ou s ti c  feedback path. In one, a hybrid 
configura tio n,  a sampled data sy st em is used to model the 
el ec t ro a c ou st i c path indepe nd ent ly of the sampled data 
system used for the fee df or war d path. In the other
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c o n f ig u r at i o n the feedback filter is ali-diqital and 
incorporates the analog filtering as sociated with the 
sampled data system in the f e ed fo rw ard  path.
Re sults obtained from an experimental duct are 
presented. I he system is assessed in terms of 
attenuation, st abi li ty and se ns i t iv i t y to unc er ta int y for 
dif ferent orders  of FIR filters. The results are 
pre sen te d for the two di fferent ways of modelling the 
feedback path, and with three different termination 
co nd i ti o n s for the duct. The main co n c lu s i on  drawn from 
these results is that the longer the FIR filters in each 
path the better the pe r fo r m a n c e  of the system. It has 
also been found that, for given lengths of FIR filters in 
the s ys tem  fe ed fo r w ar d and feedback paths, the 
p er f or m a nc e is better using the hybrid co nfi g u ra t i o n  
rather than the all-digital one.
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g.l - INTRODUCTION
In this chapter consideration will be oiven to
both the desig n and the imple men ta ti on of the black box
needed in an ANC system. Using control theory a design 
formula is der ived from v a rio us  system freguency 
responses. 1 he a p pl i ca ti o n of this design formula to some 
simple cases is co ns id e r ed  and related to the approac he s  
adopted by such a ut ho rs  as Olson [27, 28], Eghtesadi C6], 
Hong [53, Wheeler C43] and Trinder C83. The black box is 
seen to have a transfer f u nc t io n char ac ter ist ic  of a
closed loop system, su g ges tin g the idea of implementing 
it using independent fe e d fo r w ar d  and feedback paths, and 
the impl ic ati ons  of this type of r e al is at ion  are 
discussed. For real systems, the diff icu lt y of predicting  
the transfer f u n ct i o ns  needed in order to design the 
black box n ec e s s i t a t e s  the car ryi ng  out of electrical 
m e a s ur e m en t s  on the syst em to de ter m i ne  the transfer 
fu nct io ns  expe ri me nta lly . A co mp ute r simulati on of a way 
in which this can be achie ve d is described.
2.2 - D E R I V AT I O N OF SY STE M RES PO N SE
Fig ur e  2.1 shows a basic ANC system in a duct. 
There is a loudspeaker (PS) acting as a primary source of 
unwanted sound. Note that the details of the primary 
source are not of pr im e  imp ortance as the ANC system is
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independent of it. Next there is a detecting microphone, 
(D), to sense the p r ima ry sound field; the detec te d  
p ri ma ry  sound pr e s s u r e  signal is to be pr oc essed so that 
after injecting it back into the duct, using the 
seco nda ry  source  loudspeaker (S S >, the sound p re ss ur e at 
the monitor m i cr o p h o n e  (M ), do w ns t r ea m of the
loudspeaker, will by s u p e r p o s i t i o n  be made identically
zero. The pr oc e s si n g  of the signal is to be done by
c on ne ct ing  a "black box" of transfer functi on  ( w )
b et we en  the de te ct i n g m i c r o p h o n e  and the loudspeaker 
(terminals 1 and 2). The p u rpo se of this section is to 
de riv e an e x p r e s s i o n  for the re s pon se reguired of this
b 1ac k bo x .
If V<-. ( w > , V,(w), Væ(w) and V 3  ( w ) are the Fourier
t ra ns fo rms  of the v ol t a g e s  at po in ts  O, 1, 2 and 3
respectively, the f oll owi ng  transfer func tio ns may be 
d e f i n e d ;
V , ( w )
F l o j ( w )  = -------------  f o r  V æ ( w )  = 0  ( 2 . 1 )
V o  ( w >
Vr-, ( w )
Floaa ( w ) = -------------  f o r  V æ ( w )  = 0  ( 2 . 2 )
Vo(w)
V , ( w )
FI3:, ( w ) = ------  f o r  V o  ( w ) = 0  (2.3)
V 3  ( w )
V3 <W)
F I3 3  ( w )  = ------  f o r  Vo ( w ) = O ( 2 . 4 )
V 3  ( w )
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For the ANC system to make the sound pr essure at the 
monitor id entically equal to zero independent of the 
input to the p ri mar y source the transfer function of the 
path from prim ary  source input to monitor output via the 
duct alone must be equal but op p os i t e to the transfer
fu nct io n of the path b e twe en  the same points via the ANC 
system. The transfer fu nc t i on  of the first of these is, 
by definition, He,3  ( w ) . The second is more complex, 
involving as it does both the transfer function of the
black box, H^^iw), and the effect of feedback be tw ee n 
s eco nd ar y sourc e and detector. It can be exp ressed in
terms of the p r e v io us l y defi ne d transfer f unc tio ns  as;
(2.5)
Hence in order to ac hieve perf ect  ca n ce l l at io n  the 
co nd i t i o n  to be met is that:
-H o 3 (w )
Ho , ( W ) H 3 3  ( W ) H o 3  ( W ) H;.;> 3 ( W )
(2.6)
This then, is the fundamental de si g n  formula for the 
transfer fu n c t i o n  of the "black box" for an ANC system.
Note that this e x pr es s io n  implies two pos sib le
approaches, either:
1 ) detailed k now le dg e of the transfer functions of and 
be twe en  the transducers, or
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ii> me a su re m e n t s  on the system to obta in the various H ’s 
directly.
Note that the result is independent of the source 
pro duc in g the unwanted acoustic sound in the duct.
2.3 - A P P L I C A T I O N  TO SIM PLI FIE D MODEL S
2.3.1 - Unity feedback system
If the de te ct ing  and mon it ori ng m i c r op h o ne s  and secondary 
sour ce loudspeaker are placed in cl ose p r oxi mi ty  so that 
He, 1. ( w ) H o 3 <w), and H^^^w) /x/ H^,. (w), then the
requi red  transfer fu nct i o n for the black box obtained by 
su bst i tu t i ng  into equ at i o n (2 .6 ) will lead to the result 
that the syst em r e qu ir es  infinite gain.
This is the approach used or i g i n a l l y  by Olson, and more 
recent ly by aut ho rs such as Wheeler, Eghtesadi, Hong and 
Trender, who use terms of de sc r i pt i o n such as 
"t ig ht -co up le d monopole" or "acoustic virtual earth".
The major drawb ac k of any practical system based on this 
ra tio n al e  is that in order for it to work anything like 
well the ope n loop gain must be high (to approach the 
the or e ti c a ll y regui re d od ) , but this neces sar ily  results 
in a sy ste m pr one  to instability. Indeed to achieve the 
best p e r f o r m a n c e  po ss i b le  in any giv en  situ at ion  demands 
that it be operate d at the highest open loop gain
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attainable, i.e. right on the edqe of instability. Even 
when so operated, it may in fact p r odu ce  no attenuation, 
d epe nd in g on the transfer funct io ns of its component 
parts.
f her e are some ci rc um s ta nc e s wh ere the ad va n t ag e s  of 
si mp l ic i t y of such a system can be su ff ic ien tly
a t t r ac t i ve  to outweigh its problems, such as in the 
active ear defender. Here the volume in which the field 
is to be con tr oll ed is small, so phase shifts are also 
small and may by careful choice of system co mpo n e nt s  be 
c on ta in ed w ith in less than 180° over the passband of the 
sys tem  (e.g. Wheeler [43]), but even for this par ticular 
p r o bl e m  it is not viewed as an entir ely  sati sf act ory  
s y s t e m .
2.3.2. - Infinite length duct
Consider the duct shown in fig. 2.1 to be lossless and 
infinitely long. The duct acoustic transfer f u nct ion s can 
be m o de lle d (below the cut-off fr egu en cy of the first 
cross-mode) as pure delays, so the va ri ou s H's can be 
r ep r ese nte d as follows:
H,->3 ( W ) = Hi ,r:X 1 ( w ) e x p ( — jw( I3+I 3+ 1 ^,. ) / C ) H^-i T ( w  ) (2 .7 )
Ho , ( w  ) —  H I 3 , ( w ) e x p (  j w  ( 1 3  / c ) > H,-, i; r- i ( w  ) (2 .8 )
H;v.. , ( W  ) = H, ( W  ) S  X p ( ~ j W  ( 1 / C ) ) Hr , I I ( w  ) ( 2 . 9 ^
H; ' 3 ( W ) = H, 33 ( W ) e X p < — j W <. 1 ^, / C ) ) H,., -, ( w )
where c= speed of sound in the duct. 
S u b st i t ut in g  (2.7) t o (2.10) into (2.6) gives
(2 .10)
H,:,0 ( W )
Hr3 T tr. % ( w ) H, 33 ( w )
- e x p (- i w 1 3 / c ) 
1 -exp ( - 2  ,i w 1 3 /c >
(2.11)
From this e x p r e s s i o n  it can be seen that the black box 
re gui re d is the cas ca de  of two transfer functions, the 
first of which co mp e ns a t e s for the trans duc ers  in the 
f ee d f or w a rd  path, while the second (in the sguare 
brackets) is egual to
- 1  , the e x p re s s io n  p r e vi ou s ly  derived by,
2 .) sin (WI 3 /C)
e.g. Le yenthall and Eghtesadi (6 ).
2.4 - TO PO L O GY  OF BLACK BOX I MP LEM EN TA TIO N
2.4.1 - F e ed f o r wa r d  filter
There are a number of d iff ere nt  pos s ib le  c on f ig u r at io n s  
for im pl ementing the black box transfer function. The 
simple st ap pr oac h is to implement it as a single 
f eed fo rw ard  filter as shown in figur e 2.2(a). Because the 
r esu lt in g filter will have to d u p l ic a t e the impulse 
r e s p on s e  of a syst em having feedback (see eguati on  2 .6 ), 
then the regui red  filter will in general have to have a 
very long d u r a t i o n  in order for it to be a good match to 
the re gui red  response.
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Another pr o bl em with this type of implemen ta tio n is that 
the closed loop formed by the feedback path betw ee n
se co nd ary  source and detector in cas cad e with this
fe ed f or w a r d - o n l y  a p pr o x ima tio n to the ch ar ac ter is ti c
requir ed for the perfect black box may well prove to be 
unstab 1e .
2.4.2 - Re cu r si ve  filter
The p ro bl em  of instability may be ov er c o me  by adopti on of 
one of the c on f i gu r a t i o n s  shown in figure 2 .2 b and 2 .2 c. 
These are al t er na t iv e  i mp l e men tat io ns of a general 
r ec u r s i v e  filter and provided the feedback sec tion is
made to have a transfer f u nc t io n equal but opp os i t e to 
that of the e le c tr o a co u s ti c  syste m with which it is in 
parallel, the resulting syste m will be unc o n di t i on al l y  
stab 1 e .
For the co n f i g u r a t i o n  in Fi gu re 2.2b this implies that:
HrK, must equal -H^t (2 . 1 2 )
Since the overall transfer fu n ct i o n of the filter is 
equal to / ( 1 ~Hf ^ HprF, ) , s u b st i tu t i on  in (2 .6 )
yi el d s  the result that:
must equal ~Hor->__
HoiHp.3 (2.13)
For the co n fi g u r a t i o n  shown in Figure 2.2c, in order for 
the re c u rs i v e part of the filter to cancel the acoustic 
f e e d b a c k :
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must equal , Hr w (2.14)
I he overall transfer function ot this filter is equal to 
Hprto/ ( 1 -Hrip-> , and subst it ut ing  this into (2 .6 ) and 
(2.14) yields the same result for H,. w as was obtained 
tor H 3 3  in (2.13). He nce  the re qu ire me nt  on Hp-,-. is 
that :
 ^ H{^ VI Ho3
H o 1 H 3 3  ( 2 . 15)
2.4.3 - Co m p a r i s o n  of impl em en tat ion s
It has been seen in section 2.4.1 that a fe e d fo r wa rd- onl y
im pl e m en t a ti on  leads to a system whose stabi lit y is not
ne ce s sa r i ly  well assured. This leads to the con cl usi on
that one or other of the re c u rs iv e  schemes, which can be 
arr ang ed  to give  assured stability, is a better candidate  
for a practical system. As it was the intention of the 
present work to ca lc u la t e  the ch a ra c t e r i s t i c s  required 
for the black box i mp l em ent ati on  from m e a s u re me n ts  on the 
system the s ch eme  of Fi gur e 2.2b is preferable, as
c o m p a r i s o n  of (2.12) and (2.15) shows that it is simpler 
to o bt a in  an e st i m a t e  of Hpr^ , than of H^^, while the 
r eq u i r e m e n t s  for H^P and H,= w are exac tl y the same. 
Hence it was tlie filter c o n f i g u r a t i o n  of F ig ure  2.2b that 
was used for the rest of the work de scr ib ed  here.
Note that the ass ign men t of transfer fun ctions Hpp- and 
Hpm as in (2.12) and (2.13) is not unique; it is a
c o n s e q u e n c e  of the de c is ion  to st a b il i s e the system by
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the use ot parallel feedback.
2.5 - DlGllAL IMPLEMEN TAf ION  OF THE "BLACK BOX" FOR REAL
SYS TENS
2.5.1 — In tr od u ct i on
Having decided to implement the black box as a
c o m b i n a t i o n  of fe edf o r wa r d  and feedback filter as shown 
in f igu re 2 .2 b, c o n s i d e r a t i o n  will next be given to the 
use of digital filte rin g as a me ans of syn thesising the 
r equ ir ed  fe e df o r wa r d  and fe edback filters. To avoid
alias ing  eff ec t s a digital filter must have a analog
a nt i -a li as ing  and r e - c o n s t r u c t i o n  fi lt e rs  on the input 
and output re spe cti ve ly . Both of these analog fi lters 
must have  good low pass cut- of f charac te ri sti cs,  so that 
for f r e q ue n c ie s  greater than half the sampling frequency, 
the fil te rs will at te n u at e s u f f i ci e n tl y to ensur e that
there will be n eg l i g i b l e  aliasing errors. The com posite 
of the digital filter together with the two analog
fi lt e rs  is called a sampled data sy st em (see appendix B).
B ec au se  of the n ec es si ty of em p lo yin g these analog
filters, there-“is the need to co m p e n s a t e  for their effect 
if tight control of both am p li t u de  and phase is required, 
as it is in order to ac hi ev e a sa t i sf act or y level of 
p er f o r m a n c e  from an ANC system.
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I he wav in which a sampled data system can be used to
ach iev e the required black box fee dforward and feedback
paths IS consider ed  in the following section, for two 
al te r na t i ve  ways of sy n t he sis in g the feedback filter.
2.5 .2 - A l te r n at iv e  c o n f i g u r a t i o n s  for the digital
f i 1 ters
2 . 5 . 2 . 1 - Introduction
What will be co n si der ed in this section is the
re al i s a t i o n  of both the black box feedforward and
feedback f il te rs  as sampled data systems. The princ ip le  
behind two a l t e rn a t iv e ways of implementing the feedback
filter is considered, one of which will be referred to as
an "all digital system", and the other as a "hybrid 
s y s t e m " .
2. 5. 2 .2  - All-digital system  feedback ca n ce ll at ion
F igu re  (2.3) shows the layout for an ANC system in a duct
with the black box re ali sed  as a single sampled data 
system. F ol low ing  eq u a t i o n  (2.12) the digital filter 
Dpp, ( z ) is required to cancel out all com pon en ts  due to
feedback, by dup li ca t i ng  the inverted impulse response  
b et we en  the p oin ts 2 to 1 shown in figure 2.3. This 
feedback path is seen to incorporate the responses of all 
of the analog filt er ing  associa te d with the feedforward  
sampled data system. This implies that the digital filter
Up T., k z ) 15 required to du pl i ca t e  the response of this
analog filtering together with the elec tr oa cou sti c  
feedback path, b e tw een  the se co nda ry  source loudspeaker
and the det ecting microphone. Note that the pr es enc e of 
tlie analog filtering in the feedf orw ard  sampled data
system means that the closed loop via the feedback path
will be b an dl im ite d and t h ere for e the digital feedback 
c an c e l l a t i o n  filter only need to work over a limited 
bandwid t h .
2.5 .2. 3 - bampled data system  feedback ca n ce l l at i o n
("Hybrid System")
As an al ter n a ti ve  to using the all-digital arrangement to 
model the black box feedback path, it is po ssi bl e to 
implement the feedba ck  filter as an independent sampled
data syste m (independent of the sampled data system
pr oviding the fee df or w a rd  path) as shown in figure 2.4. 
The implication of this is that the effect of feedback 
be tween the se con d a ry  so ur ce  and the detecting mi cro ph on e  
is to be ca nc el led  out by using an analog summer to add 
the outpu ts from the e l e c tr o a co u s ti c path and from the 
parallel feedba ck  sampled data system. Perfect
ca nc e ll a t i on  would re qu i r e that the feedback sampled data 
system should d u p l ic a t e ex actly the inverted impulse 
respons e be tw e e n the points  2 to 1 shown in figure 2.4, 
which IS com pl e te l y  independent of the feedforward  
sampled data system.
Note that in this case the feedback filter Ü, r. ( z ) will 
need to incorporate e q u a l i s a t i o n  or co m p en s a ti o n  for all 
ot the analog filtering of the feedback sampled data 
system. Also this hybrid syst em  needs extra hardwa re to 
re alise the two independent sampled data systems.
2.6 - P RE D I C T I O N S  FOR A SIM PL E FINITE DUC1
2.6.1 - Introduc ti on
As can be seen from the p r ev i o u s  sec tion the com ponent
parts of the black box are required to model a
c o m bi n a ti on  of the e l e c t r o ac o u st i c  transfer f u nct io ns  of 
the detector and se co n da r y  source and the acoustic 
transfer fu n c t i o n s  in the duct. Since these will in 
general be very complex and will vary widely with
situation, the only real is tic  approach is to meas ur e in
some way the req uir ed  r e s p o n s e s  and attempt to model 
these using digital filters.
However it is po s s i b l e  to ob ta in  analytical results for 
the transfer fun ct io n s  requi re d in the black box for a 
si mplified model of the duct. The use of such a model is 
consi der ed  here, in order to gain an insight into the 
nature of the r e s p on se s  for the va rious filters required 
and to obtai n a better u n d er s ta n d in g of how the system  
w o r k s .
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Io a c h 1 eve this the tour e le ct ro aco ust ic  transfer 
t une t 1 ons H<-> , ( w > , He ,:t:> ( w ) , H;..., ( w ) and H 3 3  ( w ) were
ca lc u l a t e d  for a finite duct. Ihese transfer f unc ti on s  
were then used to specify the re qu ir em e nt s  of the black 
box fe e d f o r w a r d  and feedback paths. Also these transfer 
fu nc t i on s  were used to specify the overall transfer 
f u n c t i o n  of the black box for f e e d f o r w a r d —only filter 
implementation. Fin ally computer s im u la tio ns of the 
impulse r e s p o n s e s  required for the black box feedfo rw ar d  
and fe edback p a t hs  are presented.
2.6.2.1 - F r eq ue n cy  re spo nse  p r e di c ti o n s for Hp^(w) and
Hr- 3  ( w )
The f o l lo wi ng  e x p r e s s i o n s  for the transfer f un ct io ns  
ne ce s s a r y  to d e s ig n  the black box for the set up shown in 
F i g u r e  2.5 can be obtained by applying the pr in c i pl e  of 
s u p e r p o s i t i o n  and summing to infinity the geometric 
p r o g r e s s i o n s  ob t ai ned  [44].
C 3 ( w ) C 3 ( w ) U ^ ( w )  [ 1 f-C 1 ( w ) ]  [  1 +Ü -, ( w ) J
H r,3  ( w ) =  H T 5 ( w )-------------------------------------------------------------------------------------------------- ( 2 . 1 6 )
1 - C  -, ( w ) Ü 3 '-  ( w ) Ü 3 ^  ( w ) C . / -  ( w ) C ^ ( w )
w h e r e  H-r , < w ) =  H, 3 , ( w )  H M%c æ( w)
L 3  ( w ) [1 +C X ( w ) ] L 1 + Ü 3 ^  ( w ) ( w ) Crn ( w ) j
Hr, -, ( w ) = H , 3  ( w )-------------------------------------------------------------------------------------------------- ( 2 . 1 7 )
l - C i ( w )  ( W ) Ü 3 -  ( w ) 1:4*^ ( W ) Lr-i ( w )
w h e r e  H? 3  ( w ) =  H, 3  , ( w > H^ t. c  ( w )
(36
L;.,. ( w  ) L 1 +U-. V w  » J L 1 + L  , t w  ) Ü 3 -- ( w  ) L::.,- ■ ( w ) J  
H; l lA) ) — H f 3 i W V  ^^  iti)
1 -u , ( w ) Ü3' '(w) L ( w ) U/./ ' k w ) Lr-i ( w )
where Hr:;» ( w ) = H, 3r- ( w ) H,-| , r:r' ( w )
L:-., ( w ) L 1 +C , ( w ) L:->- ( w ) J L i +C-T.,/ ■ ( w ) C?-, ( w ) J
H 3 t • w ) = H r A. ( w >------------------------------------------------  (2 .1 9 )
1-U» ( w ) C3' ■ ( w ) Ü3" • ( w ) C<r.P“ ( w ) Un >v w )
w here H r <.,. ( w ) = H, 3 3  ( w ) H -, ( w )
In the above expressions, the vari ou s C's are the in—duct 
transfer f u n c t i o n s  corresp on din g to propagation. Moving 
from left to right in figure 2.5 C,(w) r e pr e se n t s the 
transfer f u n c t i o n  bet we en the prima ry  source (PS) via the 
left hand end of the duct back to the pri mary source
p o s i t i o n  and includes the ref le c ti on  c o ef fic ie nt of the 
left hand end of the duct. The transfer fu n c t i o n  (w )
is d i r e c t l y  be tw ee n the primary sour ce  po si t io n (PS) and 
the de t ec t i n g  m i cr o p ho n e  (D) (which is the same as that 
fro m d e t e c t i n g  m i c r op ho n e po si t i on  to pr im ary  source 
position). L i k e w i s e  C 3 (w ) is de fined as the transfer
f u n c t i o n  d i re c t ly  b et we en  the detec ti ng  mi cr o ph o n e  
p o s i t i o n  (D) and the secondary sour ce  po si t io n  (SS), (the 
same as that from secon da ry  source p o s i ti on  to detecting 
m i c r o p h o n e  position). Similarly C^(w) is the transfer 
f u n c t i o n  fr om  the secondary source po s it io n  dir ec tl y to 
mo ni t o r i n g  mi c r o p h o n e  (M) or vice versa. Fina lly  the
transfer f u n c t i o n  C^(w) is the transfer fun ct i on  from 
m o n i t o r i n g  m i c r o p h o n e  posit io n back to itself via the 
right hand end of the duct, including the re f le cti on  
c o e f f i c i e n t  of the right-hand end of the duct.
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Su bs t i t u t i n g  in terms of these four el e ct r oa cou sti c  
transfer f un c ti ons  into eq u at ion s 2.13 and 2 . 1 2  
r es pe ct ive ly , gives the following e x p r e s s i o n s  for the 
black box fe e df o r wa rd  and feedback filter fr eq uency  
re sp o n s e s  :
Cn ( w ) [ 1 - C , ( w ) ( w > Ü 3 -- ( w ) C..-- ( w ) ( w > 3
H 3 ,::r(w) = Hr'OM^W) --------------------------------------------------  (2.20)
[ 1 +C:-7 - ( w ) (w)C^(w)][l+C, ( w ) ( w ) ( w ) 3
where Hi-:om(w) = l/H^i ma. (w) H, 3 3  ( w )
C3 < W ) C 1+C a ( w ) C3"- (w)][l+ C 4 = ( w ) C ^ ( w ) 3  
Hprm ( W ) = H(, 33 ( W ) H m  t m .1. ( w ) (2.21 )
1 -C a ( w ) ( w ) ( W ) (w)C^(w)
In order to interpret these expressions, one needs to 
con sid er  the individual acoustic transfer fu n c ti o n s  
wi th i n  in the brackets. Taking for ex a mp l e  the res po ns e  
reguired for the parallel feedback filter, then it can be 
seen that this filter is reguired to do the following:
(a) D u p l i c a t e  the freg ue ncy  re sp o ns e  for the
t r a n s d u c e r s  in the fe ed for war d path,
(b) Cancel out the effect of va ri ous  acoustic paths 
inside the duct.
I he first term in sguare  br a cke ts  in the numerator is due 
to the de t e c t i n g  mi cr op ho n e sensing the first ref le c t io n  
from the left hand end of the duct (corresponding to a 
delay of 2 ( 1 , + 1 3 )/ c ). Also this m i c ro p h on e  will
respond to the first r e fle cti on  from the right hand end 
of the duct as shown by the term C 1 +C<.7-( w ) Cr-s ( w ) 3
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( co r r es p o nd i n g to a delay ot 2 ( i + 1-«. ) / c ) . The
d e n o m i n a t o r  can be expanded using the binominal theorem, 
to illu st ra te the presence of mu lt ip le  re f l ec t i on s  via 
both ends ot the duct (involving a p r o pa g at io n  delay of 
1 /c, w h er e  1 is the overall length of the duct). This 
term d e s c r i b e s  the re ve rb e ra ti o n present in the duct due
to r e f l e c t i o n  from both ends, and thus has a significant 
e ffe ct  on the overall time du rat i o n of the impulse 
r e s p o n s e  c or r es po n di n g  to H ^ hH w ) and he nce the length 
of the impulse re sp ons e of the feedback filter used to 
cancel the feedb ack  path.
2 . 6 .2.2 - Overall transfer function, Hmm(w)
What f o l l o w s  is a de ri v a ti on  for the requir em en t of the
ove rall transfer fu nc tio n for the black box needed in a
f i n i t e  length duct. In section 2.2 the following 
e x p r e s s i o n  was obtained for the black box transfer
f une t i on :
— H o 3
=   (2 .6 )
H o i H 3 3 —H 0 3 H 3 1
From  this expression, it can be seen that a kn ow le dge  of
four el e c tr o a c o u s t i c  transfer fu n ct i o n s is all that is
neede d to sp ecify the overall black box transfer
fu nction. Hence using eguat ion  (2.16)-(2.19), an
e x p r e s s i o n  for the black box transfer function can be 
o b t a in e d  as follows.
o9
the two terms in the denominator ot equ at io n  2.6 can be 
w r i t te n  d o wn  as:
L 3 C., ( 1-t-C, ) ( 1+C.O
(1-C, C3-C3-
H 0 3 H 3  , =H,
C 3 C.. ( 1+C, ) ( 1+L-J [C3^^C ,C3-C3- + C3^ C^ ^C^  + Ci C 3- C3^ C^ ^C^ ]
(1-C,Cr ^C^ -C ^^ C^) ^
(2.23)
Hence the d i f f e r e n c e  be tw een  equa tio ns 2.22 and 2.23 is 
e q u a 1 to :
C 3 C^( 1+C, ) ( 1+C~s) C ( l-Crf^) ( 1-C,C3'“C3--C..'-C„>] 
(l- C,C 3= C 3= C ^ eC n ) e
H (2.24)
where He: — H^sci H,„.3 % Hmtcîs H,_
Su b s t i t u t i n g  back into egu a t io n  2.6, using eq uat io n s 2.16 
and 2.24 g iv e s  the following:
H,
Hm % CÎ % Hi...3 3 .
-Cr,
(2.25)
Note that this ex p re s s io n is the same as egu at io n 2.11, 
and sh ow s  that for a finite length duct the transfer 
fu nc t io n  of the black box is depen de nt  only in the 
t r a n sd u c er s  in the system fe ed fo r w ar d  path and the 
acoustic transfer f u nc tio n be tw ee n the detecting  
mi c r o p h o n e  and seco nda ry source. Hence it is independent 
of r e f l e c t i o n s  from either end of duct and the overall 
length of the duct.
Thus it is seen that if the duct is finite in length then 
the r e q u i r e m e n t s  for the black box are, perhaps
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l e n g t h  d u c t ,  it can, however , he e x p i a i  ned l.if^canse:
(a> no sound reaches the right hand te rm ina tio n when the 
sy st e m is working, hence its pr op ert ies  cannot
affect the required pr o per tie s for the ANC syste m
and ,
(b) re f l e c t i o n s  from the left hand end simply alter the 
p ri m a r y  sourc e field to be can celled and, as has 
b ee n  pr ev i ou s l y noted, the black box pr ope r t i es  are 
ind ependent of the pr imary source.
2.6 .3  — Comput er  si m ula tio n of the impulse response
needed for a digital system im pl eme nta ti on
A com pu te r pr o g r a m  in Fo r t ra n was wr it te n to evalu ate  the 
e l e c t r o a c o u s t i c  transfer f u nc tio ns  making the idealistic 
as s u m p t i o n  that the complex re fl ec t io n  co e ffi ci en t of
each end of the duct was a constant independent of
f re g u e n c y  and that p r o pa g at i o n along the duct was
n o n - d i s p e r s i v e  and lossless. These as s um pti ons  make the 
pr o b l e m  simpler so that the ANC system can be simulated 
more q ui c k l y  and easil y whilst still reta in ing  the major 
c h a r a c t e r i s t i c s  of the system.
2.6.3.1 - Analog fi ltering of samp 1ed d a ta s y stem
I he low pass analog fi lters needed in the sampled data 
system  were  modelled as three second order, low pass
7 1
filt ers  cas ca de d with a first order high pass filter to 
îDï'm a b a n dp as s  filter. I he analoq filters therefore have  
an upper cut-off ch ar act eri st ic of 36dü per octave, and 
the cut off frequ en cy was set to 3 5 0 H z . The first order 
high pass filter had a cut off fr eguency of 5 0 H z , bec a u se
there is very little output from the ANC system bel o w
this freguency, due to the loudspeaker ope rating be low  
its resonance. Note that for the sake of simp li ci ty the 
transfer f u n c t i o n s  of the A/D converter and D/A converter 
needed in the r e al i s at i o n of a sampled data system were
as sumed to be unity. A Fo rt ra n computer prog ra m was used
to c o m p ut e  the fr egu en cy re sp o n se  and the impulse 
r e s p o n s e  for the analog filters, and these are shown in 
F ig u re  2.6. F i g u r e  2.7 shows the effect of ca sc ading the 
a nt i -a l i a s i n g  and r e -co nst ru ct ion fil ter s with the 
loudspeaker response, and illus tr ate s the ban d l im i t in g  
effect a ss o c ia te d  with the ANC system f eed for wa rd  path.
2.6 .3 . 2 - Feedb ac k filter impulse respo ns e
Using the analog fil ter s descr ib ed in the pr e v io u s  
section, together with eg u at io n  2.21, it is po ssi ble  to 
e v a l u a t e  the impulse respons e reguired for the 
"al l-d igital" sys t e m co n f ig u r a t i o n  shown in Figure 2.3. 
Compute r p r e d i c t i o n s  were obtained for a duct of length 
10m, with r e l a t i v e  duct transd uc er s spacings and 
r e f l e c t i o n  c o e f f i c i e n t s  as given in table 2.1.
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Table 2. 1
Prim ary  Source Near End
Re fl e c t i o n  Coeffi cie nt  r=0.2 arg r=0.0
Prim ary  Source Far End
R ef l e c t i o n  Coeffi cie nt  r=0.8 arg r =0 . 0
Re lat iv e Duct Spacings ( m )
L, 0.0
L 3 3.0
L;-, I .0
4.0
Ly.., 2.0
L 10.0
1 he re a so n  for choosing the duct to have a length of 10m 
was to make  the duct length c o m p a ra b l e to the length of 
the duct to be used in later laboratory experiments.
The p r og r a m was used to find the impulse res po ns e  
re gu ir ed  for the digital filter used for c a n ce l la t i on  of 
the e l e c t r o a c o u s t i c  feedback. Initially the pro gram was 
used to c o m p ut e  ' the feedback filter impulse re sp ons e  
under the a s su m pt i o n that the duct was infinitely long, 
by s et ti ng  the end re f l ec t i on  co e f fi ci e nt s  to zero.
The r es u l ts  obtain ed  for the feedback filter impulse 
r es p o n s e  is d is pla yed  in figure 2.8. As the duct is non 
r e f l e c t i v e  it mean s that the feedback filter needs only 
to model the impulse res po ns e due to all the tr ansducers  
and analog el e me n t s in the feedforward path plus the 
acous tic  p r o p a g a t i o n  delay from the output from the 
se co n d ar y  sourc e loudspeaker to the input to the
•/3
de te c ti n g  microphone. From the impulse response shown it 
can be seen that the system impulse response has a 
d u r a t i o n  ot the order of 50 samples at a sampling 
fr eg u en c y  of 1275Hz.
1 he computer pr og ram  was then used to co mp ute  the 
feedback filter impulse respon se and fr egu en cy  res pon se  
when the duct had non-zero re f le ct i on  coe ff ic i e nt  for 
each end. The resu lt s are shown in Fig ur e 2.9. The 
graphical di sp lay  of the impulse res po n se  shows how this 
c o m p e n s a t i n g  filter r e pr o d uc es  in an ti ph ase  all the 
r e f l e c t i o n s  in the ele c t ro a c ou s t ic  feedback path.
Table 2.2 shows the transit times (in terms of the number 
of samples) for each re f le c t io n from either duct end that 
c o n t r i b u t e s  to the el e ct ro a co u s ti c  feedback filter 
impulse response.
Table 2.2
Duct Re f le c t io n s  Transit Times 
Sampling  Fr e g uen cy  fs = 1275Hz 
R e f l e c t i o n  C oe f f ic ie n t from source near end r,=0.2 arg r ,=0.0 
R e f l e c t i o n  C o ef fi ci ent  fro m source far end r,«=0.a arg ra=0.0
Urder of Ref 1ec t i on Duct Transit
R e f 1ec t i on Coeff ici en t T i me
1 r ! arg r = 0.0 (No. of samples)
0 0.0 6
1 0.2 28
2 0.8 50
3 0.2 73
4 O.B 80
5 0.2 102
6 0.8 125
7 0.2 147
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1 he impulse response lasts for a du ra t i on  of 
a p p r o x i m a t i o n  180 sam ples before the re f lec tio ns  from 
either end decay to a insiqnificant level. The 
s u p e r p o s i t i o n  of the filter re sp o n se  and that of the 
feedback path will ideally be zero for all time, and 
he nc e  will isolate the feedf or war d filter from any 
in for ma ti on c on ce rn ing  sound that is radiated from the 
s ec o n d a r y  loudspeaker toward the detec ti ng  microphone, 
p re v e n t i n g  the system from going u ns ta bl e due to 
c o n t i n u o u s  a m p l i f i c a t i o n  of se co nd ary  sound r adi at io n  
around the f e e d f o r w a r d —feedback loop. Provided
n e a r - p e r f e c t  c a n c e l l a t i o n  of the e l e c t r o ac o u st i c  fe edback  
path can be achieved, then the fe e d for war d filter can be 
d e s i gn e d  under the as su mp ti o n that there is zero feedback 
in the system.
Howev er perf ec t wo rking of the parallel feedback filter 
puts an added con st rai nt on the re a li sa t io n  of the 
f e e df o r wa rd  filter as was h ig h li ght ed by Flo ck t on  CE53. 
In his paper he d i s cu s s es  the increase in comp le xi ty  
re gu ir ed  in the r e a l i sa t i on  of the fe e d for war d filter due 
to the p r e v e n t i o n  of any secondary loudspeaker r ad ia ti on  
re ac hi ng  the input to the f e ed fo rw ard  filter. Provided  
the paral le l feedback filter is working perfe ct ly the 
input to the fe e d for wa rd  filter co n ta i n s no information  
co nc e r n i n g  the working of the seco nd ary  source, and hence  
the only way that the fee df orw ard  filter can cause 
c a n c e l l a t i o n  of sound from this secon da ry  loudspeaker is 
to ha v e prior knowl ed ge  about the seco nda ry sound field.
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Ihi5 added c o mpl exi ty  will be shown in the next section 
when c o n s i d e r a t i o n  will be given to the re al is a t io n  of
I
the fe e df o r wa r d  filter impulse response.
2.6.4 - F e ed fo r wa r d  filter impulse res pon se
F ig u re  2.10  shows the impulse and freguency res po n se  of 
the f e e d f o r w a r d  filter for the same duct co n d it io n s as 
those used to obtai n figure 2.9. It was obtai ne d from 
2.13 by s u b st i tu ti n g value s obtained from 2.16 to 2.18.
No ti c e the si m i la r i ty  between the working of this filter 
and that of the feedback filter, in that the effect of 
r e f l e c t i o n s  are clearly evident. The length of the 
re gu i re d  filter is seen to be s i g n i f i e iantly increased in 
length co m pa r e d to the order of feedback filter needed 
for the m o de ll i ng  of the e le ct ro aco us ti c feedback path.
Not e that the res po n se s  shown here for the black box 
f e e d f o r w a r d  and feedback paths depend on the duct length, 
the p o s i t i o n i n g  and re spo ns es of the transducers, and the 
r e f l e c t i o n  co e f f i c i e n t s  of the ends of the duct.
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2.7 - SUMMAHY
I h 1 s chapter con sidered the design of a black box to make 
an AN C s ys tem  in a duct. It conside re d diffe re nt  p o ss ibl e  
im pl e m e n t a t i o n s  of this black box. One particular 
i m p l e m e n t a t i o n  was decided upon, be c au s e  of ease of 
i m p l em e nt at i on  and the re l at ive ly assured s tab ili ty  of 
sy st e m that can be obtained. A c o ns e g u e n c e  of the 
im pl e m e n t a t i o n  ch os en is that two f i lte rs are reguired, 
one to remov e the effect of feedback, the other to 
p r o d u c e  c a n c e l l a t i o n  at the moni to ri ng microphone.
C o m p ut e r  s i mu l at i o n was used to assess the working of an 
ANC system. This was done mainly  to gain in formation 
c o n c e r n i n g  the carryi ng  out of electrical m e a su r e m en t s  on 
a real practical duct.
The added co mp le x it y  of the fe ed fo rwa rd  filter due to the 
p r e v e n t i o n  of information about the se co nda ry source  
b e h a vi o u r ent er in g the fe e df orw ar d filter has been 
po in t ed  o u t .
It must be realis ed that major sim pl i fy i n g a ss u mp tio ns  
have  b een  used here to obtain es t i m a t e s  of the two 
indepe nde nt  fe ed for war d and feedback filter responses. In 
real s i t u a t i o n s  the transfer f u n c ti o n s involved are much 
co m p l i c a t e d  but then it is po ss i b le  to de ter m i ne  them 
e x p e r i m e n t a l l y  by carrying out me a su r e m e n t s  on the 
s y s t e m .
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1 he use of system identification to obtai n  
for FIR fi l t er s  with which to make an ANC system will be 
d is c u s s e d  in the next chapter.
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3.1 - i n t r o d u c t i o n
This chapter contains a summary of the ideas of 
linear syste m modelling and parameter es ti ma t io n  using a 
model r e f er e n ce  approach. The ap pli c a ti o n  of these ideas 
to an ANC system is con sidered from both a theoretical 
and e x pe r i me n t al  viewpoint.
3.2 - S Y S T E M  M O D E LL IN G  AND PA RA ME TER  E ST I M AT I O N
The term modelling is used here in the context 
that one can represent the pa ra m e te r s  desc ri bi ng the 
d y n a m i c s  of a system by a mathematical model, this model 
being ob t ain ed by suitable process ing  of data obtain ed by 
e xpe ri me nt.  The problem then b e com es that of using system 
i d e n t i f i c a t i o n  for the purpo se of e st ima ti ng the
p a r a m e t e r s  of this mathematical model, so as to achi eve  a 
c e r t a i n  level of per fo r ma n c e (which can be measur ed by 
using some kind of error criterion). The way in which the 
p ar a m e t e r  e s t i m at i o n can be done co n s is ts  of three
d i s t i n c t  c h o i ce s C373: (a) type of model to be used, (b) 
s e l e c t i o n  of a suitable c ri ter io n function, and (c)
i mp l e m e n t a t i o n  of an algorithm. What follows is a brief 
d i s c u s s i o n  of the implications of these choices when
d e v e l o p i n g  and implementing a parameter est im at i o n
p r o c e d u r e  for an ANC system.
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3.2.1 - Types of model a v a ilable
The model chosen to represent a real system can
be either det erm in is tic  or probabilistic, linear or 
n o n — l i n e a r . Also there is the qu e sti on whether the model 
sh oul d be time-varyinq or not, dep ending on how 
s i g n i f i c a n t l y  the p r ope rt ie s of the real system change  
with time. What is helpful when making the choice of a 
s u i t a b l e  model is to have some prior knowledge about the 
real sys t e m dynamics. It is true that all real systems  
are to some degree non-linear, probabilistic, and 
t im e - v a r y i n g  in nature. However if the system pr op e rt i e s  
do not ch a n ge  sig ni fi ca n t ly  with time, then the system  
can in most cases be app roximated to a sufficient degre e  
of ac cu rac y using a linear det er m in i s ti c  ti me -invariant
model and this is the approach adopted here.
Gi ve n  that the real system can be modelled by a 
linear ti m e- in va ria nt system, there are three distinct  
types of model that can be used for the pu rp ose  of 
p a r a m e t e r  estimation. A brief d es c r i p t i o n  of each of 
these is giv en  below.
The three models are called (from the nature of
their L a p l a c e  (or z )  Tr an sform representation):
(i) all-zero, also called moving aver age  (MA) or finite 
impulse re sp o n se  (FIR), having a transfer funct io n of the 
form :
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a. , + a , z +a;->z - ■ +...... a„,z (3.1)
(ii) all-pole, also called a ut o q re s s iv e (A R ), having a 
transfer fu n c ti o n  of the form:
G/ ( 1 +b -, z ' +br-z ‘■-+b;-.,z . . . b„,z '" ) (3.2)
(iii) p o l e — zero, or aut o r eg re s si v e  moving av erage (ARMA), 
ha vin g a transfer function of the form of the product of
the MA and the AR m o d e l .
Both types (ii) and (iii) co rre sp ond  to a model having an 
infini te impulse respo nse  (IIR).
For any linear time invariant system there is a 
m i n i m u m  number of pa ra me t e rs  needed to de scr ibe  that 
s y s t e m ' s  dynamic behaviour ad eq ua tel y [33]. This is given  
by the number of poles and zeros in the system transfer 
function. It is ob vi ou sly  very de si r a bl e for
co mp u ta t i o n a l  pu rpo se s  to be able to est im a te  accu rat el y  
this mi n i m u m  number. In practice, however, this is very 
dif fic ul t,  es p e ci a l ly  when using a p ole -ze ro  model. One 
has to guess the order to be used in the estimation, and 
then use some error cr i t er i o n to asse ss  when to stop the
e s t i m a t i o n  process.
However though a real syste m will almost always 
be a po l e -z e r o system, n e v e rt h el es s  an al l-zeros model 
can be used. Some of the estim at ed zeros will in fact be 
a p p r o x i m a t i n g  the re spo ns e due to the poles of the real 
s yst em  [463. O bv iou sl y if the real system does co nta in  a 
lot of poles, which cause the system to be very freguency  
selective, then the all-zero model will need to cont ai n a
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large number of zeros, es p eci al ly  as many zeros are 
req ui r ed  to ap pro x i ma t e  even a single pole to a 
r e a s o n a b l e  de g re e  of accuracy. This can be a real 
prac tic al  limitation on the use of an all-zero model in 
real time applications. Incidentally, a similar argument 
can be applied to the use of an a l l —pole model when the 
real sys t e m c o nt a i ns  a large number of zeros (e.g. a 
sys te m  with a flatti sh  f r eg ue nc y response).
3.2.2 — Ch oi c e  of model for this work
From the three m ode ls di s cu sse d in the previous  
section, the all-zero (or moving average) has been chosen 
for the fo l l owi ng  reasons. This model can be realised as 
a fi n i t e  impulse res p on s e  (FIR) or n o n- re c u r s i v e  filter. 
B e c a u s e  there is no feedback involved this filter will be 
u n c o n d i t i o n a l l y  stable. This is a practical advantage 
wh en c om pa re d to the r e c ur si v e r e a l is a t io n  for which the 
s ta b i l i t y  of the filter needs to be ca re fu lly  considered. 
Also a FIR type filter is less s u s ce p t ib l e  to rounding 
er r o r s  due to tru nc ati on of the c oe f f ic i e n t s  in 
c o m p a r i s o n  to a r e c u rs i v e (IIR) filter. Note, however, 
that one d i s ad v a nt a g e of a FIR re a l is a t i o n  compared to a 
r e c u r s i v e  one is that the number of co ef fi c ie n t s needed 
to ac hi eve  an adequa te  level of per fo r ma n c e may be 
e x c e s s i v e l y  high; this qu es tio n of the necessary number 
of c o e f f i c i e n t s  was one of the things to be studied here 
[41 ] .
83
The way in which these coe ff i c ie n t s can be 
e s t im a t ed  by perform in g some sort of fit to measured 
data, using an all-zero transfer function, will be 
di sc u s se d  in the fo]lowing section.
3.3 - P A R A M E T E R  ES T IMA TIO N
3.3.1 - Time d o m a i n /f re q ue n c y domai n
Using system id e n tif ica ti on  for the pu rp os es  of 
e st i m a t i n g  the pa ra me te r s of the FIR model, there is the 
c h o i c e  of whether the e s ti m a ti on  should be done in the 
time or fre qu en c y  domain. This ne ed s  to be care fu lly  
c on s i d e r e d  in the light of any physical insights one has 
about the real system to be modelled.
For an ANC system  in a duct, the prob le m is to 
s pe ci fy  the transfer f unc tio ns  or impulse re spo ns es  in 
the f ee d f or w a rd  and feedback fi lters in the black box.
The cho ic e be tw een  fr e q ue n c y domain and time 
do m a i n  for the analysis is not clear cut, since the 
overall p erc eiv ed  ef f e ct iv e ne s s  of an ANC system is 
d e p e nd e n t on the human subj ect iv e response. This would 
tend to imply that a weighted f re que ncy  domain approach 
would be the best, but that is rela ti vel y difficult to 
i m p 1e m e n t .
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Much easier to implement, in that it gives 
v alu es  for the FIR filter co ef f i c i e n t s  directly, is a
s che me  involving identifi ca tio n in the time domain. This 
is the ap proach adopted here. The ba ndwidth of the system 
is co n tr ol l ed  using the analog fil ters associated with 
the sam pled data system implementation.
3.3.2 - Error criteria
Co ns i d e r a t i o n  must be gi ve n  to the type of error 
c r i t e r i o n  f un cti on  used to assess the goodne ss  of fit of 
the model. The cr i t er i o n chose n should both lead to a
u n i qu e  so lu t i on  and be ma t h e m a t i c a l l y  tractable. The
inte nti on  here was to use a det er min ist ic  signal, 
p r a c t i c a l l y  free  from noise, as the input when 
u nd e r t a k i n g  system  identification, and hence to obtai n an 
o utp ut  signal having similar properties. Under these 
c i r c u m s t a n c e s  the least square cr i t er io n  is app ro pr iat e  
[363.
Having decided on an error cri te r io n  and a 
s ui t a b l e  model, the rema in ing  pr o bl em  is that of an
e f f i ci e n t alg or i th m to es t im a t e the co ef fi c i en t s  of the 
FIR filters. Such an al go ri t h m is cons id ere d in the next 
sec t i o n .
85
3.3.3 - Choice of algorithm
Fig ure  3.1 shows a system with an unknown  
impulse response. When subjected to an input exc it a ti o n  
x(n) (where n is a integer value) , it pr odu ces  an output 
y ( n ) . Using the model r efe ren ce  approach, the pr ob lem  is 
to e st i m a t e  the co ef fi ci e nt s  of the FIR model that will 
m i n i m i s e  the mean square error be tw e e n the output from 
the real syst em  y(n) and that of the FIR model y(n). It 
i s of interest to consider how the coe f f ic ie n ts  of the 
FIR model can be cal cul ate d from the knowl ed ge  of the two 
si gn a l s x (n ) and y (n ). If the a u t o co r re l a ti on  of the 
input signal x(n) and the cross c o r r e la t i on  be tw ee n the
two si gn a l s  x(n) and y(n) are both known, then there is 
an ef fi ci ent  re cur si v e al g o rit hm av ai la ble  [39] to 
c om p u t e  the impulse re s po nse  of the FIR model for any 
giv en order. The eff ic ie n c y of the algor it hm  is based on 
e x p lo i t in g the Toeplitz nature  of the matrix eq ua ti o n s  
that have  to be solved.
However this method cann ot  be used for a syst em  
where the co r r e l a t i o n  st at ist ics  are unknown. The pr ob l e m  
then b e c om es  that of esti mat in g the c o r r e la t i on  funct ion s  
in order to ob ta i n  an a p pr o x im at e  s o lu tio n based on a 
fini te d u ra t io n  m eas ur em ent  of the two signals x(n) and 
y(n). It is important that the app ro x im a t e soluti on is 
ca lcu l at e d  in an efficient manner, beca use  a simple 
minded approach to the pr o ble m lead to a cubic 
rel at i on s h ip  be t w e e n  the number of arithmetic oper at io ns
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re qui re d and the number of coe ff ic i e nt s being estimated. 
An ef fic ie nt al go ri t h m has been developed by Marple [38]. 
He d e m o n s t r a t e s  that although the cross co r r el a t io n
matrix involved is no longer Toeplitz, an efficient 
al go r i t h m  can still be obtai ne d that mi ni mis es the total 
sq uared error betwe en  the signals y(n) and y(n), using a 
fi ni t e du r at i o n me asu rement of the signal x(n) and y(n). 
In terms of e ff i c ie nc y  the a lgo rit hm  req uir es  computional 
o p e r a t i o n s  proporti ona l to the squa re  of the order of the 
FIR model, and st orage of va ri ab les  proportional to the 
order. This ef f ic i e nc y  is the same as can be obtained
when the a u to c o r r e l a t i o n  and the cross c o r r e la t i o n
f un c t i o n s  are known.
M a r p l e ’s algorithm, coded as a Fortr an  computer 
program, was used for the work descr ib ed  below. The 
p ro g r a m  asks what order of model is desired, and then 
c a l c u l a t e s  the FIR coefficients, and out put s a value for 
the residual en er gy  error.
It is important to note that the algor it hm will
alwa ys give an esti ma ted  model that is causal, linear and
time-inv ari an t,  even if the syst em  to be modelled is in 
fact non-causal, non-linear or tim e-varying [35]. In any 
of these cases the FIR model obtained will not, of
course, be a good ap pro xi m at io n  to the real system. On
the other hand if the real system can be re pre sen te d
ex ac t ly  by a FIR model, then the algo ri thm  will find the 
exact solution, i.e. the error signal will be zero, if
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t h e  c o r r e c t  o r d e r  is  c h o s e n .  (n a l l  o t h e r  c a s e s ,  t h e  
s o l u t i o n  o b t a i n e d  w i l l  b e  o p t i m u m  w i t h  r e s p e c t  t o  t h e
l e a s t  s q u a r e  c r i t e r i o n .
3.4 - E X PE RI M E N T A L  METHOD USED FOR SYSTEM IDENT I F I C AT ION
3.4.1 - Experime nta l layout
Fig ure  (3.2) shows a real c o nti nuo us  sy st em to 
be modelled. Giv e n the input co nti nu o us  time signal
(X (t )) that will be convo lv ed  with the real system 's  
impulse re sp o ns e  to obta in  the output signal (y (t )), the 
o b j e c t i v e  is to estim ate  the system pa ra me t e rs  that will 
m i n i m i s e  the least square error b et wee n the real output,
y(t), and the output of the FIR model.
B ec au se  the est imated model is to be realised as 
a sa mpled data system the d ia gra m also shows the analog 
inter fac e needed in the input and output sides of the 
sa mpled data system. The interface on the input side 
c o n s i s t s  of an an t i-a lia si ng filter, a sample and hold 
and an A/D converter. Si mil ar ly on the output side there 
is a D/A converter, sample and hold and a re - co ns t r u c t i o n  
filter. The ne ce ssi ty for having analog filtering present 
means that the influence of this filtering on any
m e a s u r e m e n t s  will need to be com pensated for, if the
whole syste m is to be a good a pp ro xi mat ion  to the real
c o n t i n u o u s  syste m that it is modelling. The way in which
this can be achieved in p ra ct ic e is conside red  next.
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3.H.2 - Signais required
I h e  c h a r a c t e r i s t i c  r e g u i r e d  t o r  t h e  d i g i t a l  
f i l t e r  c a n  b e  o b t a i n e d  b y  a p p l y i n g  t h e  p r i n c i p l e  of 
s u p e r p o s i t i o n  t o  t h e  b l o c k  d i a g r a m  s h o w n  i n  f i g .  3 . 3  to 
g e t  t h e  f o l l o w i n g  e x p r e s s i o n s :
( 3 . 3 )
ÿ  ( t ) =  w  ( t ) h . ( t ) ( 3 . 4 )
w h e r e  w ( t )  =  s a m p l e d  c o n v o l u t i o n  o f  x„„(t), a n d  d ( t )  
x.„, (t) =  b a n d  l i m i t e d  s a m p l e d  v e r s i o n  o f  x ( t )  
d ( t )  =  s a m p l e d  s e t  o f  f i l t e r
y(t) = g(t) * X (t )
r.
(akinq the Fo urier trans for m of (3.4) leads to:
A
Y (w ) = F (w (t )) F(h^^(t))
= F ( X ,,u ( t ) *d ( t ) ) ( w )
(3.5)
( 3 . 6 )
= D(z)
_CQ_
Hm,(w) HAm(w) ^X(w-m2iT/T) (3.7) 
m=-a>
2 = e j ■t-
whe re T is the sampling interval. 
As su m in g  HA?(w) = O for w > it/I 
and that
( w )
a n d
X ( w - m2r/l) = 0 for w >tt/I
m=-a>
X ( w - m2Tr/T) =  ( w ) X ( w ) for w < tt/ T
m = — 00
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i e a d s  t o  :
I
A
Y ( w )  =  U ( z )  , ( w )  X  ( w  ) ( 3 .8 ))
z = e  '
A
F o r  Y ( w )  t o  e q u a l  Y(w) r e q u i r e s  t h a t :
Flfz, , >, W ) ( w ) X(w) U (z) = b ( w >  X(w) (3.9)
; =  0 .J I
However it is not pos si bl e (digitally) to
me a s u r e  8 ( w ) X (w ), the only thing that can be measured  
d ir e c t l y  is y ,(n ) a sampled ver s io n  of the signal whose 
Fou rie r Transform is H ^ t. (w) H«,->(w) 8(w) X(w)
He nc e  it is co nve ni e nt  to multiply both sides of (3.V) by 
HA%(w) Hmn(w) to obtain;
L H A i ( w )  H A o ( w ) J ^ X ( w )  U ( z ) = H a>t (w ) Hmm(w) 8(w) X(w) (3.10)
2=e j ‘
The left hand side of this e q ua tio n is equal to
the Fourier T r a n s f o r m  of the signal x (t ) after it has
passed  twice through the analog interfaces, mult ipl ie d by
the complex f r eg u e nc y  res po n se  of the digital filter. 
Hen ce if y,(n) is the captur ed  signal res ulting from 
x(n) being passed through the D/A interface (see figure  
3.4a), the s ys tem  g(t) and the A/D interface, and y:%* ( n ) 
is the ca p tur ed  signal resulting from passing x(n) twice 
through the D/A and D/A interfaces (see figures 3.4b and 
c ), then :
y r-., ( n ) d ( n ) = y I ( n ) (3.11)
Hence, given experimental values tor y :( n ) and 
y,(n), d(n) may be estimated using the Marple system
i d e n ti f i ca t i on  alg or it h m  discussed above.
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A sampled version of the frequency respon se  of 
the digital filter Ü may also be found by taking the 
D i s c re t e  Fourier trans for m of equati on (3.11).
3.5 - SUMM AR Y
In this chapter, the basic ideas behind the use 
of sys t e m id en ti fic at io n have been explained. The reas on s  
for cho o si n g  an FIR models for the real systems and then 
e s t i m a t i n g  the pa ram e t er s of this model using system 
ide ntification, to m i ni mis e a least square (in the time 
domain) pe rf o r m a n c e  c rit er io n function, have been
d i s c u s s e d .
The cho i ce  of type of model and the p e r fo r m an c e  
c r i t e r i o n  were  made on the basis of a co m pro mis e b et wee n  
the level of p e r fo r m an c e  achi ev ab le in principle, the 
c o m p l e x i t y  of obtai ni ng estimates of the pa ra me t e r s for 
the model, and the diff ic ul ty of realising the resulting 
samp led  data system.
The d ev elo pm ent  and im ple mentation of a 
r e c u r s i v e  least sq uares algorithm to do the FIR parameter 
e s t i m a t i o n  have been described, and the p r oce du re  for a 
practical r e a li s at i o n have been discussed. The way in 
which this can be applied to the modelling of the 
el e c t r o a c o u s t i c  feedback path in an ANC system will be 
co ns i de r e d in the next chapter.
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4.1 -  I N I R Ü O U C I l u N
the next two chapt er s consider the ap pl i ca ti o n  
ot the ideas dis cussed in the previo us chapte rs to a real 
ANCJ syste m in a duct. The practical aspects of the
r e a l i s a t i o n  of an FIR parameter es t im at i on  p r oc ed ur e are
discussed. Uf the two filters required in the black box 
realisat ion , it is the feedback c a n c e ll a t io n  filter which 
is the easier to deal with, so the es t im a t io n  of the 
p a r a m e t e r s  required for this f i lte rs is discu ss ed  first.
E x p e ri m e nt s  were cond uc ted  using a wood en  duct
section. Both of the ways of model li ng the feedback path
des cr i b ed  in sect ion  2.5, the hybrid and the all-digital
arr an g e me n t  were studied.
4.1.1 — Eq ui pm e n t used
Both the m e as u r em e n ts  on the system to det er m in e  
the c h a r a c t e r i s t i c s  reguired for the digital filters and 
the fi lt e r s t he ms el ves  were made using a Texas Instrument 
TMS 32 0 1 0 digital processor chip mounted on an E .V .M . 
e v a l u a t i o n  board , interfaced to the real world via an 
A.I.B. analog interface board. The A.I.B. board co nt a i ns  
an A/D and D/A converter with their associated logic. A 
sche mat ic  d i ag r am  showing the essential apparatus layout
IS gi ve n in figur e 4.1. The E.V.M. incorporates a monitor 
p r o g r a m  (in EPROM) and a superv iso ry  micr op roc es so r
c on t r o l l i n g  the T M S 3 2 0 , and e n abl es  progr am s and data
93
from the fMS320 to be uploaded and do wnloaded from a host 
c o m p u t e r ,
it IS essential to take into account the effect
ot A/D and D/A converters, s a m p l e — an d —holds, pro ces sin g  
time, ant i- a li a s in g  and r ec o n st r u ct io n  _ filters, when 
c a l c u l a t i n g  c oe f f ic i e nt s for the digital filters. By 
using the same system for both the me as ure m e nt s  and the 
i m p le m e nt at i on  of the digital filters, then it be co m e  
u n n e c e s s a r y  to co mp e ns a t e separa tel y for these effects,
so that tight control of both ampli tud e and phase can
more easil y be obtained. The anti-al ias in g and 
r e c o n s t r u c t i o n  filters were  adju st ab le low pass filters, 
one of which was a No r w eg i a n Electr on ic type 723, and the 
other was a Barr and Stroud type EF3. These both have an 
8- po l e But te r wo r t h characteristic.
A Ferranti 860XT personal computer was used as 
the local host computer for the experimental work. 
P r o g r a m s  for the TMS320 were assembled using a cross 
asse mbl er  on the Co ll ege  VAX 11/780 cluster, and
d ow n l o a d e d  as required to the E.V.M. via the Ferranti.
It is ne ce ssa ry to be able to process the
me as u re d  sig nal s to look at the va rious fr eguency spectra  
and fr e g ue n c y responses. fhis was done using the
com mer ci al  sof tw ar e signal proces sin g pa ck ag e ILS, on the 
PC, and it was using this pac kage that many of the grap hs  
in this thesis were drawn,
V4
ihe pa ck a ge  is designed to run on an IBM PC (or 
any c o m p a t i b l e  computer). I he signal data is stored in 
disk files and the software can be used to perform such 
o p e r a t i o n s  as sp e ct rum  analysis and digital filtering, as 
well as arithm eti c operations. The results can be 
di sp l ay e d  gr a p hi c a l l y  on the computer monitor, and hard 
copy can be o bt ain ed  using a printer. The system uses two 
di ff e re n t  types of files, 16 bit integer format is used 
for storing sa mpled data, while a 32 bit floating point 
format is used for storing the results of ca l c u la t i on s  on 
the data. A limitat io n of using the system on a PC, 
rather than a m a i nf r am e computer, is that it is not 
p o s s i b l e  to take the Fast Fourier Trans for m (FFT) of a 
signal ex ce e di n g  512 poin ts in length. Using this
s o f t wa r e  p a c ka g e  is much 1ess t i me cons um ing  than having  
to p r o g r a m  d i r ec t l y all the required signal proces sin g  
o p e r a t i o n s  using a high level co mputer language like 
Fortran.
The duct used for all the experimental work
re po rt ed  here was made from 22mm chipboard, and its 
d i m e n s i o n s  were  O .3 m x 0 .2 5 m x 1O .9 m . The monitor in g and the 
de te c t in g  m i c r o p h o n e s  and their amplifiers'* were B & K 
types 4145 and 2609 respectively. Both the primary and 
the se c on d a ry  sou rces were a KEF type B. 139 .B  
loudspeakers. The power amplifier used to drive these
lou ds p e ak e r s was a Crown dual channel amplifier type 
D C 150A.
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4.2 - PR A CT I C A L  IMP LEMENTATION OF THE FIR PA RA ME TE R
E S T I M A T I O N  P R O C E D U R E .
4.2.1 - In troduction
In this section, co nsi de r at i o n will be giv en  to 
the ch o i c e s  that have to be made in order to achieve a
practical r e a l is at i on  of the FIR parameter est im a ti o n  
p r o c e d u r e  di s c uss ed in the pre vi ou s chapter. It is 
n e c es s a ry  to consider the following factors: input
e x c i t a t i o n  signal, sampling frequency, cut-off fre quency 
and c u t- r a t e  of the analog fil ters associated with the
sa mpled data system. These will be discussed, as well as 
the practical pr o ble ms enc ou nte red  in the re a li s a ti o n  of 
a digital filter to model the el ec tro ac o us t i c feedback 
path .
4.2.2 - Cho i ce  of pa r a me t e rs  of the sampled data system
4.2.2.1 - P r e l i mi n a ry  experiment.
When using a sampled data system to du pl ic ate
the r e s p o n s e  of a real cont in uou s system it is important
that the sa mp lin g f r egu enc y be a p pr opr ia te ly chosen, to 
take into account the operational ban dwidth desired for 
the s ys tem  and the computional load on the digital 
pr ocessor. It is essential when making the choice of 
samp le fr e qu e n cy  to have some prior knowledge about the 
real system. This information may be ob tained either from 
k now le dg e of the individual components, as in the
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p r e d i c t i o n  desc rib ed  in section 2 . o , or by con ducting  
e x p e r i m e n t s  on the co m pl et e  system, in the real situ at ion  
1t IS the latter approach that is easier, so a
p r e l i m i n a r y  exp eriment was con ducted to find
ap pr o xi m a t e l y  the time length required for the ANC system 
fe edback filter. This then enabled an es tim a t e to be made
of the number of coe f f ic i e nt s needed for any given
samp 1 i ng rate.
A schematic d i agr am showing the experimental set 
up that was employ ed  is given in figure 4.2. A is a
s t o ra g e  os cil los co pe,  B a pulse generator, C a power 
amplifier, D the s eco nda ry  source loudspeaker, E is the 
d et ec tor  m i cr o p h o n e  and F its mi c ro ph o ne  amplifier. The
ends of the duct were terminated using acoustic wedge s
made of mineral wool.
A short (10ms) rectangular pulse from the
g en er at or was applied to the loudspeaker through the 
power amplifier, and the signal detected by the
m i c r o p h o n e  inside the duct was amplified and displayed on 
the st or ag e o sc i l lo s c o p e  screen. Because of the low 
ener gy level of the input pulse it was hard to 
di st i n g u i s h  ex ac tly  the length of the sig ni ficant por ti on  
of the system impulse response, on account of noise 
co nta mi na tio n.  However after looking at a few time 
re co rd s it was c on clu ded  that it had decayed to a low 
level wit h in  a time of 140-180ms.
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H . d . 2. 2  Cho ic e of sampling freguency and an t i- ali as in g
f 1 1 ter s
The sampling theorem dic ta te s that the sampling 
rate must be more than twice the highest fregu en cy  
pre sen t in the input signal. This implies that in any 
real s y st e m  the input signal must be low—pass filtered,
so that it is well attenuated at and above half the
sa mpl in g freguency, if the effect of f re g ue ncy  aliasing 
is to be minimised. For this reason the input
a nt i - a l i a s i n g  and the output r e c o n s t r u c t i o n  filter of the 
sampled data syste m were chose n to be 8th order, and the 
c u t -o f f  fr eg ue n cy  for these fi lt ers  to be 0.29 of the 
samplin g frequency. This means that the input signal will 
be att en u at ed  by about 42dB at half the sampling 
frequency. Since the cu t-off fr eq ue ncy  of these fil ter s
d e t e r m i n e s  " the e f f ec t i ve  ban dwidth of the system it must 
be c a r e f u l l y  chosen. For example, consider the duct used 
in the pr e li m i n a r y  experiment, which had its first order 
mode c u t -o f f  fr e g ue n c y at app ro x im a t el y  572Hz. It would 
be d e s i r a b l e  to have an ANC system that would work well
up to very near this frequency, which would mean that the 
sampli ng fr e qu en c y would need to be of the order of 2KHz. 
How ever when  using the TMS32010 digital pr ocessor it
be c o m e s  much more complex if the c o nv o l u t i o n  s um ma tio n is
more than 128 poin ts  long (corresponding to a time 
d u r a t i o n  of 64ms at this sample rate). Easily avai lab le  
clock ra te s  using the TMS32010 analog interface board are 
integers p owe rs  of 2 times a base freguency, and the
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po s s i b l e  rates in the range ot interest were 611Hz, 
1221Hz and 2442Hz. üf these a rate of 2442Hz would only 
permit an impulse response du ra tio n of about 52ms, very 
much less than the 140— 180ms found by exp eriment to be 
the d u r a t i o n  of the real impulse response. A l te rn at ive ly  
it 611Hz were chosen, while the impulse res po ns e durat io n 
would be more  than adequate, the operational band wid th  of 
the s ys t e m  would be less than one third of the ideal. 
He nc e  the sampling rate used throughout all of the
e x p e r i m e n t s  su bs eq u e nt l y  described was 1221Hz and the
a n t i — al ia s in g and the re co ns t r uc t i on  fil ter s were set to 
cu t - o f f  f re q u e n c i e s  of 3 5 0 H z .
4.2. 3 — Ch o i c e  of ex c ita ti on  for system m e as u r e me n t s
It is important that the input e x ci t at i o n signal 
x(n) is well c hos en if rel ia ble  resul ts  are to be
obtained. A requir em en t for the signal is that the 
fr eq u e n c y  content should be flat over a range greater 
than the ba nd wi dth  of the system under investigation. An 
ob v i o u s  c h o i ce  is to make the input a very narrow pulse, 
so that the re s po ns e  from the system is its impulse 
re sp o n s e  [403C45]. Another type of input signal that 
could be used is bandlimited rando m noise. However these 
inputs suffer from one of two defects. In the case of the 
short pulse, the energy content is nec es sar ily  small when 
the a m p li t ud e  is kept suf fi ci en t l y low to avoid
non- lin ea r effects, while ban dli mi ted  random noise is not 
re pea table, so it is not possi bl e to use signal averaging
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to improve the signal to noise ratio of the mea sur ements. 
A signal that has a flat eas ily - co n t ro l l ed  sp e ct rum  and
also a large energy content compared with its ma xi m u m  
a m p li t u de  is a linearly swept sine wave de s cr i b e by the 
f oll ow in g expression:
fe-fi
s i n  C ( 2 tt (------- )+ f  ^  ) t ] ( 4 . 1 )
2T
where f is the start frequency, f ^  the final
f r e q ue n c y and T the duratio n of the sweep. It was this 
s i g n a l , c o s i n e — tapered at each end to smooth the 
spectrum, that was used as the prim ary  input e x c i t a t i o n  
for e x p e ri m e nt s to mea sur e the ch a ra c t e r i s t i c s  of the 
s y s t e m .
4.2.4 - Deta il s of the practical rea li s at i o n
There are a number of point s of detail that must 
be co n si der ed when effecting a practical r e al i s a t i o n  of 
the method of system iden ti fic ati on  desc rib ed in the 
p re v i o u s  chapter. Using the TMS320 sy ste m allowed
s i m ul t a ne ou s  ge ne ra t io n  of the ex c it at i on  signal and 
c a p tu r e  of the system response. The operational ste ps  to 
do this were as follows. First of all the e x c i t a t i o n  
signal (swept sinusoid, gener ate d using a For t r an
program) was downlo ad ed from the host PC into the TM S3 20  
EVM memory. A TMS320 p ro gr am  was then run that 
s uc c es s i ve ly  output to the D/A and captured from the A/D, 
512 samples. This proce du re  was repeated sixte en  times
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and the res ults averaged so as to enh ance the signal to 
noise ratio. The captured response was subseque ntl y  
up lo a de d  from the riiS320 memory back to the host 
c o m p u t e r .
It 15 necessary to be careful when choosing the 
d u r a t i o n  of the excitat ion  and the d u ra t io n  of the
c a p t u r e  of the response. If the input digital signal is 
of length N samples, and this signal is then convolved 
with a syst em  whose impulse re s po nse  is of du r a ti on  M 
samples, the overall length of the output signal is M+N-1 
samples. If the length of this signal ex c eed s the time
d u r a t i o n  of the capture, then it will be truncated,
leading to di st or t i on  of the system freq ue ncy  response  
[423. In order to ensure that this does not happen, it is 
n e c e ss a r y to hav e some prior in fo rmation about the 
d u r a t i o n  of the impulse respon se  of the system, in order
that an ap pr op r i at e length for the input transient swept 
si nus o i d can be selected. It is also important that the 
sys te m  should ret urn  to a quiescent state before the 
ca p t u r e  pr oc es s  is repeated.
Based on the information obtain ed  from the 
p r e l i m i n a r y  experim ent  the primary e x ci t a t i o n  was chos en  
to be a swept sinusoid with lower and upper cu t-off  
f r e q u e n c i e s  of 50Hz and 350Hz respectively, and time 
d u r a t i o n  of 210ms. This is shown, together with its 
spectrum, in figure 4.3. Since the sampling frequency was 
set to 1221Hz, and therefore the time durati on of the
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ca ptu re  was 512/1221 = 419ms, the dur at i on  of that of the 
e x c i ta t i on  was one half of the capture.
4.3 - INDEPENDENT RE ALI S A TI O N  ("HYBRID SYSTEM")
4.3.1 - Int roduction
This sec tio n con ta in s  the re sults of a study of 
the hybrid system c on f i gu r a t i o n  for the c a n ce l l at i o n of 
the effect of feedback. An analys is  is carried out, using 
a block dia g ra m approach, to sho w which si gnals are 
requir ed in order to c a l c ul a t e the model pa ram e t er s  for 
the ele c tr o a co us t ic  feedback path. The way in which the 
sign als  were measured using the experimental duct is 
described. These si gnals were then used to predict the 
feedback c a nc e l l a t i o n  p e rf o r m a n c e  that would be obtained 
using an FIR filter of lengths 61, 128 and 256 points
respectively. Fin all y a co m pa r i s o n  was done betw ee n the 
pred ict ed  and actual p er fo r m a n c e  of a system using a 61 
point filter.
4.3.1.1 - Cho ic e of si gnals to be measured.
F i g u re s  4.4 and 4.5 show the relation shi p  
bet wee n the sampled data syste m and the feedback path 
that it is intended to model.
The various steps required to cap tur e signals 
from which co ef f i ci e n ts  for the digital filter of the
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sam ple d data system may be obtained are shown in figures
4.6(a), (b) and (c). The siqn als  Yr,!-»(z), Y^^(z),
Y I ;-^ ( z ) in figure 4.6 are egu ivalent to X(z), Y,(z)
and Y;.t, ( z ) respect ive ly  in figure 3.4. Hence
su b s t i t u t i n g  into equ at io n [3.10], the following
e x p r e s s s i o n  can be written down directly.
L H^c:. ;i; ( W  ) H ^ o  ( W ) ] ' “■ Y ( W ) Dr~r,^ ( Z  ) — H,r.> 1; ( W ) Hittic:) ( W ) Hp» ,  ( W ) Y r:;j} 3  ( w )  ( 4 . 2 )
2 = 0 J '
/ ,
W he r e H^%(w) and H^m(w) are the transfer fu nct io ns  of
the analog interfaces and H^ ., ( w ) is the transfer
f u n c t i o n  for the system ele c t ro ac o us t i c feedback path. 
Su b s t i t u t i n g  into equat io n C3.ll] gi ves
y j p> ( n ) * dFm(n) = y#,^(n) (4.3)
and by taking the Di sc re te Fourier Tr an s f o rm  of equation
(4.3), the transfer fun ct io n of the digital filter
r e q u ir e d  in the feedback c a n c e ll a t io n sampled data system 
can be found. This sampled data system is required to 
model the duct ele ct r oa c o us t i c path be t we e n  the point s 2 
to 1 in f ig ure  4.4. The frequ en cy  respo nse  of this can 
also be es ti ma ted  dir ec tly  from the sampled -versions of 
the two s ig na ls  Yp.f=>(n) and Y^a(n) (Figure 4.6a), by 
c o m pu t i ng  their Discr et e Fourier Tr an sf o r ms  and dividing 
one into the other. This can then be compared with the
r e s p o n s e  actua lly  achieved by the finite duratio n
r e s p o n s e  of the sampled data system.
4 . 3 . 1. 2  - Experimental measur em en t of the signals.
The pur pos e of this sec tion is to descri be the
si gn a ls  obtaine d from me a s ur eme nt s using the set up shown
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in fi gu re  4.7, de tails of which are gi ven  in table 4.1.
The f ig ure  shows the vari ous  ways in which signals were 
injected into and captured from the real system in order 
to a cq ui re  all the signals shown in fig ure  4 . 6 a —c.
Table 4.1 
(with refe ren ce to f igu re 4.7)
! Sam pli ng  f re q ue ncy  fs = 1221Hz
{ Duct cros s sec tion area A == 0 . 2 5 x 0 . 30m
1 Duct a n e c h oi c a ll y terminated at both ends
! M i c r o p h o n e s  1" B & K type 4145
! M i c r o p h o n e  a mp l if ers  B & K type 2609 Ga in = 2 0d B
1 Power amp lifier DC150A Gain = -6dB
1 P r im a ry  and seco nda ry  source lo ud sp eak er s KEF
1 type B139.B
1 Input low pass filter gain = 1.0 Cu t- o f f fr e qu enc y =
1 350Hz
Î Output low pass filter gain = 1.0 Cut - of f  f req ue nc y =
1 350Hz
1 Anal og filter cu t-off rate - 48 d B / o c t a v e
! Duct Tr an sf uc e rs  Spacing
(m)
i L, 0.93
! Lpa 0.80
» L 3 6.85
1 1.27
I Lrs 1 .05
L 0.91
w h e r e the v ar iou s L 's are as shown on fi g ur e  2.1.
E q u a t i o n  4.3 shows that the transfer fu nct ion  of the
digital filter is given by the ratio of the Discrete
Fou rie r Tr an s fo r m s of the two siq nal s y^^(n) and
yip(n) the transfer fu nc t i on  of the physical system
that is to be dup li cat ed in inverted form by the compl ete
sampled data syste m is given by the ratio of the discr ete
Fo urier tra ns for ms of the two cap tu re d  signals yea(n)
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and yee<n>. The four siq nals yxe(n), yae<n),
y a 3 <n) and y™^(n) are shown, together with their
f re q u en c y  spectra, in figure 4.8. These captured signals
were then used to co mpute the required frequency
r e s po n s es  for (a) the digital filter (D^e(z)) needed in 
the fe edb ac k sampled data system, and (b) the duct
e l e c tr o ac o u st i c  feedback path that the feedback sampled 
data sys t e m is required to model. These frequency
re sp o n s e s  are shown in fig u re s  4.9(a) and (b)
r e s p e c t i v e l y .
4 .3 . 1. 3  - FIR parameter e st i m a t i o n  for the feedback
f i l t e r .
In order to est ima te  digital filter co e ff i c i en t s  
sui ta b le  for putting in a fini te length filter, the two 
si gna ls  y^^(n) and y%æ(n) were used as input to the 
FIR algorithm, and es ti ma tes  were found for the
c oe f f i c i e n t s  for fil te rs of lengths 61, 128 and 256
points. Th ese are shown in fig u re  4.10 together with 
their co r re s p on d i ng  frequ enc y responses. These frequency 
r e s p on s e s can be compared to the ideal frequency
re sp o ns e s  shown in figur e 4.9(a). The di ff e r en c e  between 
the r e sp o n s e s  is a me as ur e of the error introduced by the 
finit e du r a ti o n  of the impulse res po nse  estimate, and 
hence a meas ur e of the q u ali ty  of per fo r ma n c e of the 
s y s t e m .
The impulse and fr e q uen cy  respo ns es for the 
total sampled data system using digital fi lters of
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lengths 61, 128 and 256 points are shown in figure 4.12.
these can be compared with figure 4.9(b) to see how well
the sampled data system succeeds in modelling the
feed back path that it is intended to cancel. The shortest 
filter model is too smooth in nature, but the 256 point 
model is almost indistin gui sh abl e over the p a s s b a n d . This
is further d em o n str ate d in the feedback c an c e ll a t io n  
r e s po n s es  shown in figure 4.11 (residual
f ee d b a c k / o r i g i n a l  feedback). Since the re spo nse  is always 
less than OdB it implies that even with the shortest
filter r e a s o n a b l e  model li ng  is obtained; with the longest 
filter typical feedback ca n c el l a ti o n  is around -40dB over 
the pas sband, meaning that the model li ng  is very good 
i n d e e d -
The stabil it y of the co mp let e system will depend
also on the gain  of the feedforward path multip lie d by
that of the residual feedback path. Provid ed  the
f ee d f o r w a r d  gain is less than the at te nu ati on shown in 
these r e su l t s (and one would expect it to be typically of 
the order of OdB) the whole ANC system will be stable.
The results so far give a p r edi cti on  of how well 
a parallel co m p en sat in g FIR filter could work; the next 
se c t i o n  d e s c r i b e s  the implementation of such a filter in 
a real sy st e m  and thus gives an idea of the extent to 
which the pr ed i c te d  pe rf o r ma n c e can be realised.
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4 .3 .1 .4  - Experimental implementation of a 61-point
f i 1 t e r .
This section d es cri be s the experimental 
i m p l e m en ta t io n  of a 61 point FIR filter in a sampled data 
sy ste m to cancel the feedback path measured in the 
e x p e r i m e n t  of sec tion 4.3.1.2. The extent of feedback 
c a n c e l l a t i o n  actually achieved is compared to that 
p r e d i c t e d  in the previous section. The experimental set 
up that was used is shown in figure 4.13.
The H.P. spectrum analyzer was used to gen er at e  
ra n d o m  noise, ba ndl im it ed to the range 0 - 5 0 0 H z , which was 
fed through a power amplifier to the loudspeaker to 
p r o d u c e  a sound field inside the duct. The transfer 
f u n c t i o n  for the electro ac ous tic  path was measured by 
c ap t u r i n g  the sig na ls at the termi nal s 2 and 1 using the 
s p e c t r u m  analyzer and is shown in figur e 4.14. Next the 
ra nd o m  noise signal was fed to the input of the sampled 
data sy st e m and the transfer fun ct io n of the sampled data 
s yst em  was dete rm ine d by com paring the signals at 
t e r m in a l s  2 and 3. The result is shown in figure  4.15. If 
the s y st e m  were perfect then these two transfer funct ion s  
should be identical in amplitude and 180° different in 
phase. The two amplitude respo ns es  are shown
s u p e r - i m p o s e d  in figure 4.16, and can be seen to be very 
similar while it can be seen from figures 4.14(b) and 
4.15(b) that the two phase responses do indeed differ by 
about 180°. The extent of the error was investigated by 
m e a su r i ng  the output from the summing amplifier (terminal
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First of all the spectrum of the signal at terminal 4 
was record ed  with channel B of the summing amplifier 
di s c o n n e c t e d  (i .e . the output from the sampled data
syste m disconnec ted ),  then the level at this point was 
again recorded but now with the sampled data syste m 
c o n ne c t ed  to channel B. The di ff er e n ce  be tween the two 
f r e g ue n c y spectra (shown in figure 4.17) is a measure of
the de g r e e  of c a n c el la t io n  achieved.
It can be seen that with the system working the 
r e d u c t i o n  in the level of the captured signal is of the
order of 15-20dB across the passband. This should be
co mp a re d  with the predicted level of 20- 30d B (see figure
4.11(a). This is probably due to small di ff e r en c e s
b e t w e e n  the c o nd i t i o n s  when the me as u r em e n t s were taken 
and w h e n  this implement at io n was done. It should also be 
noted that the predicted level was ca lculated using
fl oa t in g  point ari thmetic whereas the sampled data system  
used fixed point arithmetic.
The f ig ure s guoted for the amount of feedback 
c a n c e l l a t i o n  were based on visual inspection of the 
gr a p h s  to de t e r m i n e  an average value for the amount of
c a n c e l l a t i o n  acros s the design ba ndwidth of 50Hz and
3 5 0 H z .
The co n cl us i on  that can be drawn from this
e x p e ri m e nt  is that, since c a nc el l at i o n is significant 
across the ent i r e passband of the system, it might well
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be ad eq u at e  to ensure that a system that also included a 
f e e df o r w ar d  filter would be stable and produce the
de si re d level of a tte nu at ion  of the unwanted noise in the 
due t .
4. 3.2  — All-digital rea lisation
4.3.2.1 — Introduction
As described in Chapter 2, there are two 
p o s s i b l e  impleme nt ati on for the parallel feedback filter. 
The r ea l i s a t i o n  described and tested in the pr evi o u s
s e c t i o n  was the "hybrid" one; the al ter n a ti ve  approach,
to be de scr i b ed  now, is the "all-diqital" one. In this
ap pro ac h the parallel feedback filter modelling the 
e l e c t r o a c o u s t i c  feedback path also has to incorporate the 
analo g fil te ri n g  of the sampled data system associated 
with the fee df orw ard  filter.
4 .3 . 2 . 2  - Meas ur eme nt  procedure.
Figure  4.18 shows the exp erimental set up used 
to m e a s u r e  the signals required in order to calcu la te  
c o e f f i c i e n t s  for the feedback filter for this 
re ali sa tio n. Initially the swept sine wave was output 
through one of the low pass analog filter to ob ta in  a 
c a p tu r e d bandli mi te d digital signal ye^(n). This 
c a p t u r e d  signal was then used to excit e the system by 
injecting the analog r ec o ns t r uc t i on  of this signal at 
terminal 2. The re sp ons e to this signal was captured via 
terminal 1, giving the digital signal y^^(n). The
109
digital transfer function for the electro ac ou sti c
feedback path is given by the ratio of the z— transform of
these two captured signals. The impulse response and the 
transfer fu nc t i on  obtained from the measured signais by 
direc t FFT proc es si ng are shown in figure 4.19.
4. 3 . 2 . 3  - Effect of filter length.
Once again es timates of the feedback filter 
impulse re s p o n s e  for the filter length 64, 128 and 256
points, the two captured time series (y^^(n) and
y^^(n)) were  obtained and are shown in figure 4.20. The 
p re d i c t e d  feedback c a nc el l at i o n is shown in figure 4.21.
The re sults for the all-digital case are similar 
in kind to those obtained for the hybrid realisation, but 
the mo de l li n g  is less good for the same length of filter. 
This  is due to the need for the digital filter to 
d u p l i c a t e  the response of the analog filters; this means 
that some of their length is already "occupied", and a 
gi ve n  length filter is therefore less well able to model 
the e l e c tr o ac o u st i c  path. This is dis cussed more fully in 
Cha pte r 6.
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4.4 - SUMMARY
The results of using the FIR system
i d e n t i fi ca t io n  method de sc ribed here i nd icate that it can
be used in pr ac tic e to estimate the pa r am ete rs of a real
system, and also that this es tim a t e can be used for 
control purposes. This use has been illustrated by
applyi ng the method to nullify the pr e se nce  of the
e l e c t r o ac o us t i c feedback path in a real duct.
The next chapter c o ns id er s the desi gn  of the 
f ee d fo r w a r d  filter using the same FIR system
i d e n t i fi ca t io n  method described in this chapter.
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5.1 - INTRODUCTION
The previo us chapter showed how the method of 
FIR syste m identifi ca tio n can be used to model a real 
system, the elec tr oac ous ti c feedback path in a duct. This 
meth od is further developed here, to show how it can be 
ap plied to the design of the feedforward filter in the 
black box. The pro ble m of the cau sality of this filter is 
a d d r e s s e d .
5.2 - E X P ER I ME N T AL  MOD EL LI N G  AND FIR E ST IM AT ION  OF THE
F E E D F O R W A R D  PATH
5.2.1 - Ca u sa l i ty  constr ain t in feedforward path
model ling
The need to make sure that a physical system 
being modell ed by a sampled data system has a delay in 
ex c e s s  of that due to the analog filtering of the sampled 
data sy st em is di sc us sed  in appendix CC3 ("Implication of 
c a u s a l i t y  for a digital based system"). The co nse gue nc e  
of this for the feedf or war d filter in an ANC system in a 
duct is co n si der ed next.
The pr ob l em  is to design the feedforward digital 
filter to be conn ec ted  betw ee n the terminals (i) and (2) 
in fi gu r e  5.1 so that the acoustic signal received at 
terminal (3) is attenuated as much as possible. Provided
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that there is sufficient distan ce  (and hence delay) 
be t w e e n  the detector micr op ho ne and the secondary source, 
then the ne ce ssa ry digital feedforward filter will be 
causal and therefore phy sically realisable. In a duct ANC 
sy ste m it is possib le to some extent to alter the 
distance, which is an advan tag e be cause it implies that 
the delay in the elect ro ac ous tic  path may be chosen such 
as to en sur e the ca us ality of the filter. The major 
cau se s  of delay in the electrical feedforward path are
the an t i- al i as i n g and r e c o ns t ru c t io n  low pass filters. 
For the fi l t er s  employed here (8th order, cut-o ff
f r e gu e n cy  egual to 0.29 of the sampling freguency) this 
ca u s e s  a de lay  of the order of 8 sample periods. The 
de tec t o r mi c ro p h o n e  and sec ondary source loudspeaker also 
c o n t r i b u t e  to the delay; their c o n tr i bu t i on  is about 2ms, 
ie. around 2 sample peri ods  at the clock freguency used. 
Kn ow i ng  the transducer spacin gs  it is possi ble  to co mp ute  
ap pr o xi m a t e l y  the dela ys  in the acoustic system. For the 
test duct the acoustic delay bet we en the detector
m i c r o p h o n e  and the secondary source loudspeaker was about
24 sa mp le periods; since this was much greater than the
10 perio d delay of the electrical components, the
reg uir ed  filter was indeed causal.
5.2.2 - Choic e of signals to be measured
We wish to specify the digital filter Dr--r-(z)
which when co nn ec ted  betw ee n points 1 and 2 in figure 5.1
will reduce  the error signal to zero.
1 14
From figur e 5.1 and 5.2, we can defin e the
foll owi ng  d i sc re t e transfer functions analogous to the 
c o n t i n u o u s  transfer functions of egua tio ns  2 . 1 , 2 . 2  and 
2.4:
Y . .•> ( z )
Hr,» ( z ) = with Ym;:; as input to PS and no input
Y ( z > to SS (5.1)
Yr^o ( z )
H,>3 (z) = with Ymm as input to PS and no input
Yms(z) to SS (5.2)
Y 3 ?- ( 2 )
and H^^(z) = -------  with Y 1o as input to SS and
Y ,o (z ) no input to PS (5.3)
To r e du c e E(z) to zero reg uir es  that
Ho t ( z ) Di“i=- ( z ) Hp»r=) ( z ) = “'Ho.3 (z) (5.4)
“ H o 3 (z )
Hen ce Dm^(z)  -------------------------------- (5.5)
Ho 1 ( z ) Hj=>3 ( z )
This is d i re c t ly  anal og ous  with eg ua tio n 2.13 for the 
c o n t i n u o u s  system.
Su bs t it u t in g  from egu at io n s  (5.1— 5.3) gives 
-Yr-»o ( z )
Dpp(z) = -------------------------------- (5.6)
Y 3 £-> ( z )
T her ef or e me as urement of the two signals
Y 3 0  ( z ) and Y.3 £>(z) is all that is reguired in order to 
de te r m i n e  the digital filter character is tic  for the 
fe ed f or w a rd  filter.
5.2.2.1 - Experim ent al me a su re me nts  of signals
The signal Y 3 3 (z ), is the same swept sinusoid 
used in the d e te r m i n a t i o n  of the characteristic for the
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feedback ca nc el l i ng  filter described in the previo us  
c h a p t e r . This signal was passed through the duct between 
te rmi na ls  O and 3 in figure 5.3 (the secondary source 
loudspeaker not being energised), to obtain the signal 
Y 3  0 (z ) . The same input signal Y3 3 (z ) was then passed 
through the duct between the terminals 0  and 1 to obtain 
the signal Y ,0 (2 ), again with the secondary source not 
being energised. Finally, this signal Y,,><z) was passed 
be tw e en  termi na ls  2 and 3 (with the primary source not 
being energised) to obtain the signal Y 3 æ(z).
5. 2. 2 .2  - R es ult s
The captur ed  digital signals (both time series 
and spectras) used in the det e r mi n a ti on  of the 
f ee d fo r w ar d filter are shown in figure 5.4. The impulse 
r e s po n s e and the transfer functi on  for D^^(z) 
d e t e rm i n ed  from the signal Y 3 o(z) and Y;v.,fr.. ( z ) by 
direct FFT pro ce ssi ng  are shown in figure 5.5(a). The 
impulse re s po n s es  and transfer fu nc tions for FIR 
a p p r o x i m a t i o n s  to D^^(z) of order 256, 128 and 61 are
shown in figu res  5.5(b), (c) and (d) and can be compared
to the re s pon se shown in figure 5.5(a).
The a tt e nu ati on achievable with a given
A
ap pr o x i m a t i o n  to Df-f ( z ) , say D^^(z), can be
c a l c ul a t ed  from the e xp re ss ion  
ATTN(z) = 20 log TO
A
1 +Df-f (z)/ Y 3 3  ( z )
L ^ Y 3 ^ ( z ) ^
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(5.7)
Pr ed ic tin g the atte nu ati on achievab le for 
filte rs of orders 256, 128 and 61 points, gave the
re su l t s shown in figure 5.6(a), (b) and (c). These show
that for a filter with 61 co ef fi cie nt s the a tt enu ati on  is 
of the order 10-15dB across the pass-band of the system. 
Increasing the order of the filter to 128, the 
at t e n u a t i o n  across the p a s s —band is a pp rox im ate ly 25dB, 
and whe n further increased to 256, is of the order of 
30dB.
5.2.3 — Co nc l u s i o n s
The results for all the filter lengths show that 
there is at te nu a t io n over the enti re  width of the 
pa ss- ba nd  of the system. Since the system is strongly 
b a n dl i m it ed  by the ant i- aliasing and rec on st ru c ti o n  
fi lt e rs  (25dB down at 400Hz, and with a slope of 
- 9 6 d B / o c t a v e ), ou t s id e  the pass-band any signal passing 
through the fe e df orw ard  system is very heavily attenuated 
and does not c o n t ri b u te  to the sound field at the 
moni t o r .
5.3 - CA US A LI T Y  CO NS T RA I N T ON FEEDBA CK  PATH MODE LLI NG
It is co nv en ien t at this point to observe that 
the hybrid system for feedback ca nc el l at i o n  (described in 
chapter 2) also imposes a causality constraint on the 
feedback filter. This is due to it having to comp en sat e
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for the an t i- ali as in g and rec o n st r u ct io n  filters (section 
2.5.2.3). However, unlike the feedforward filter, it does 
not have to c o mp ens at e for the secondary source 
loudspeaker and detector microphone. Hence the constraint  
on the feedback filter is less severe than on the 
f e e d fo r w ar d  f i l t e r . Thus, provided the system pa r a me t e r s  
are c h os e n  such that the fe ed forward filter
ch ar a ct e r i s t i c  is causal, then the feedback
ch ar a ct e r i s t i c  will be causal also. Note that the prob le m  
only aris es with the hybrid system; with the all-diqital 
one there is no cau sality p r obl em  at all as the digital 
filter is reguired to model di re ctl y a ph y sic al ly  real, 
and h en ce  ne ce ss a ri l y  causal, system.
5.4 C O N C L U D I N G  REMA RKS
The cau sa l it y  co nstraint in the desig n of a 
digital filter on a sampled data system modelling the 
fee df o r wa r d  filter has been discussed.
It has been shown how, for an ANC system in a
duct, s uf fi ci ent  delay can be incorporated into the
physical sys t e m by su itable positi on ing  of the detecting 
mi c r o p h o n e  re l at i v e to the secondary source loudspeaker. 
Similar ar g u men ts apply to the rea li sa tio n of the
feed back filter in a hybrid implementation sampled data
system, but for an all-digital rea li s at i o n  there is no 
c a u s al i t y co ns t r ai n t  on the feedback f i l t e r .
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How Qood an app rox im ati on to the feedforward  
re sp o ns e  required can be achieved in practice will depend 
on the length of FIR filter specified and the com plexity
of the acoustic system's response. In the case of an ANC
sy ste m in the experimental duct the predicted level of 
p e r f o r m a n c e  using a feedforward FIR filter of lengths 
128-256 points, was at te nuation of the order 20-30dB 
across the f re que ncy  range of interest.
It has already been shown that by choosing the 
a p p r o p r i a t e  order of FIR filter to model the 
e l e c t r o a c ou s t ic  feedback path a significant level of 
c a n c e l l a t i o n  of the electroa co us tic  feedback path can be 
achieved. However the system stability depends on the 
system op e n loop response, which incorporates the 
fe ed f or w a rd  filter, so this feedforward filter will have 
an effe ct on system stability. Bec ause of the non-ideal 
c h a r a c te ri s ti c  of the feedforward and feedback filter due 
to the nec e s si t y  for truncation, the effect will depend
on the length of each filter. This qu e sti on of system
s t a bi l i ty  is co n si der ed in the next chapter.
A similar argument can be applied to the level 
of a t t e n u a t i o n  that is achievable using a given 
fe ed f or w a rd  filter, as the overall p er fo rm anc e of the 
syste m will depend also on the ef fe cti v e ne ss  of the 
feedback filter. Here again there will be an effect due 
to t r u nc a t io n  of the feedforward and feedback filter that 
will depend on their lengths; this is also conside re d in 
the next chapter.
1 19
A M T E I H :  6
IJ-~r  i; O N  O F" T H E  O S / E H  A E
S V S T  E M E E F"< E O F« ini iPn «NI C EE
120
6.1 - INTRODUCTION
In the previous two ch apt ers  co nsi d e ra t i on  was 
qive n as to how to realise an ANC system in a duct using 
two FIR filters. It has been explained in detail how to 
d es i gn  the digital filters using FIR system
i d e n ti f i ca t i on  and the way in which they can be realised 
has also been demonstrated. The pre dicted pe rfo rm an ce  of 
the s yst em  incorporating a parallel feedback filter has 
indicated good system stability. The p er fo rm anc e of the
fe ed f o r w a r d  filter has been assessed assuming perfect 
c a n c e l l a t i o n  of the feedback path and it has been 
p r e d ic t e d  that the level of at ten ua t io n  that can be
ac hi ev ed  in the experimental duct using an FIR filter of 
length 128-256 points ane ch oi ca l ly  terminated at each
end, is of the order of 20-30dB.
What will be co nsidered in this chapter is the 
exte nt to which the non-ideal c h ar a c te ri s ti c s  of the 
f il t e r s  affect the system stability, and the level of
a t t e n u a t i o n  that is achiev abl e when they are taken into 
account. The stability is assessed by looking at the open 
loop r e sp o n se  of the complete system while the
a t t e n u a t i o n  is studied by cons ide rin g the closed loop
r es p o n s e  and the se nsitivity of this closed loop response 
to c h a ng e  in either feedforward or feedback transfer 
fune t i o n s .
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6.2 - DERIVATION OF EQUATIONS
6.2.1 - Introduction
I he closed loop and open loop transfer functions
of the system, and hence the level of attenuation, can be
ca lc u l a t e d  in terms of the measured siqnals and the
actual transfer fu nctions of the feedfo rw ar d and feedback 
f i 1 t e r s .
6.2 .2 — All -d iqital system
Fi gur e 6.1 (which uses the same no me n c la tu r e as
before), shows the transfer func tio ns  and the signals
i n v o 1v e d .
Hc>,(z), H o 3 (z) and H^a(z) are as defined
in e g u a t i o n s  5. 1-5.3 while Hf=v,(z) is defined 
(a na l ogo us ly  to egu ati on  2.3) as the ratio of the digital 
signal captu red  at terminal 1 in figure 5.1 to the 
digital s i g n a 1 in jec ted at terminal 2 (with no i nput to 
terminal 0). Hence if the swept sinusoid Y^mfz) is used
as the input and the resulting captured output is
Y ^ A (z ) , then :
Yp.,+ ( z )
H j£»-((z ) = -------  (6.1)
Y 3 ; % ( Z )
The block di agram shown in figure 6.1 can be
si mp l i f i e d  by pr esenting the overall transfer function of
the s y s te m  shown inside the dotted box as:
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A
D f F- ( z )
1 ~ D f f ( Z ) [ D f h< ( z > + H,«. J ( z ) ]
(6.2)
A A
D ff" ( z ) , and D fi?» ( z ) are the actual transfer 
fu nc t io n s  for the "black box" fee dfo rw ar d and feedback 
pa ths respectively, the app ro xi ma t io ns  to the ideal 
D f-f- ( z ) and Df-3 ( z ) .
Hence the following e x p re s si on  can be written  
down for the closed loop transfer fu nct ion  of the lower 
limb of figur e 6.1;
GcL. ( Z )
Ho 1. ( z ) Df f ( Z ) Hf5>3 ( z )
-  -
1 — Dp-pr ( z ) [ D f TB ( Z ) + H^ l(z)]
(6.3)
g i v e s :
G c c (z )
Substit uti ng  equations 5. 1 -5. 3 and 6.1 into thi
Yee(z)
Ysa(z)
A
D|=:|=’ ( Z )
r ~  A
D f“3 ^ z ) + Ys^(z)
(6.4)
Y «3 Î3 ( 2 )
1 s :
G o f - ( Z )
From eq uation 6.4, the system open loop respon se
Dp-Hi ( Z ) + Y(3/4 ( z )
Y3 3 ( Z )
(6.5)
The level of atten ua ti on is given by: 
ATTN(z) = 20 log to C 1+Gc...-( z ) / Ho 3  ( z ) 3 
so s u b st it ut ing  from 5.2 and 6.4,
(6.6)
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Y : . V Z ,
A ( l N ( z ) = 2 0  LÜG,,>
\ Y,., ( z ) /I
L), , ( z )
i + --
1 - U, F ( Z ) ü r  ( Z ) ( z  )
Y Fif » ( z )
( 6 . 7 )
He nce it is p o ss ib le  to predict the actual 
p e r f o r m a n c e  of the a l l —digital system designed on the 
ba si s  di s cu ss ed  so far.
6.2 .3 - Hybrid system
Similar expre ssi on s to 6.4, 6.5 and 6.7 may be 
o b t ai n e d for the hybrid system and are as follows:
Close d loop response:
Y r=>f.3 ( Z )
Yf3 3  ( z  )
A
Dp-F  ( z  )
Grn. ( Z ) =
1 - D fp- ( Z ) Y FiF" ( z  ) Dp-13 ( z )  Y f> /+ (z )
l_Y 3FI ( Z ) Y 3 3  ( z ) _
(6.8)
Upen  loop response:
bop;- ( Z ) — Df.-"pr ( Z )
Y ( z  ) A Yf->/+ ( z )
------- Di-T3(Z) + ------
_ Y 33  ( Z ) Y 33  ( Z )
(6.9)
Level of at te nu at i on
A T l N ( z ) = 2 0  loq,o
Y 3 3  ( z ) \  /\
----------------------—  ) D f i -  ( z  )
\ Y3m(z) /
1 -  O f f ( Z ) Y or-'-v' ( Z ) Dp 3  ( Z ) Y 3 (  z )
L Y PI i~\ ( z  ) Y PI PI ( z ) J _
(6 .10)
Y OF'- ( z ) the signal obtained by passing
Y 3 3 (z) through the cascaded c om bin ati on  of the analog 
fi lte ri ng  associated with both the feedforward and
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t eedback samp 1ed data s y s t e m . Vhis is because tor the
A
hybi id case Ün,.,'. z > has to c om pen sa te for the feedback 
sampled data system analog filtering.
6.2.4 - Sensit iv ity
An ANC system should be assessed not only in 
terms of stability and attenuation, but also in terms of 
the sen si t iv i t y of the closed loop re sp ons e to small 
c ha n g e s  in par ame ter s in the feedf orw ard  and feedback 
p a t h s .
We can define the term sensit ivi ty  as a
m e a s u r e m e n t  of the extent to which va ria t i on  in the 
transfer fun cti on  of a component part of a feedback 
sy ste m affe ct s the closed loop transfer funct ion  of the 
c o m p l e t e  system. The system sensit iv it y fun ct ion  for 
small ch an g e s in the system fe ed forward transfer function 
is d e fi n e d as:
Perc ent ag e change  in closed loop transfer function
S 14 y- r ( W ) —
P er ce nt age  chang e in the feedforward transfer function
This section consi de rs  the ev al ua ti o n of the 
se n s i t i v i t y  functions for the feedforward, residual
feedback, and the real system feedback transfer function.
The closed loop transfer function for the ANC 
syste m can be wr itten as (eguation (2.5))
H < , I ( W ) Hm V-, (  W ) H ( w )
1 — ( W ) H fv >  I ( w )
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Subs tituting for using eguat io ns  2.6,
2.12 and 2.13 and representing ttie residual feedback 
transfer function ( H, ( w ) + Hr. i ( w ) ) by 1 ( w ) , this can
be r ew r i t t e n  as:
Hc> I ( w ) H p . ( w ) Hr ( w )
be "I ( W ) = -------------------------- ( ^  12)
1 — Hr~|;= ( w ) T ( w )
Using the analysis given in reference (32) (page 
63), the system sen sitivity funct ion s for small ch anges  
in the two transfer functions H^^(w) and T(w) can be 
w r i t t e n  down directl y and are:
Fe ed fo rw ard  se nsitivity function:
1
Su FTP ( w ) - -------------------------  (6.13)
1 Hfrpr ( w ) T ( w )
Residual feedback sen si tivity function:
— H,:-r" ( w ) T ( w )
S r ( w ) = ------------------------- (6.14)
1 — Hr-rr- ( W ) T  ( W )
I he same approach as used in (32) to derive
these eg u a tio ns can also be used to obtain an exp res si on  
for sen s it i v it y to small cha nges in the acoustic feedback 
transfer function:
— H p . ( -  ( w  ) H h ï  1 ( w  )
Sua» T ( w ) = ------------------------ ( 6 . 15)
1 — H f - c-  (  w  )  T (  w  )
Note 'that in the first two cases H^^(w) and
T (w ) only appear as the ANC open loop response, the
pro duct HF,-(w)f(w), so the open loop transfer function 
is all that is needed in order to c a lcu la te  closed loop
s e n s it i v it y  fu nc ti ons  for both these cases. The results
of doing this for at te nuations betw een  1 and 50dB are
shown in Table 6.1 and indicates how sensitive the ANC
system will be to these parameters.
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TABLE 6.1
EVA LU A T IO N  OF SENSIT IV ITY  FUNCTIONS
AT TN 
(dB )
Sj ir- I'" ( W ^ S t ( W )
1 9. 195 8.195
2 4.862 3.862
3 3.424 2.424
4 2.710 1.710
5 2.285 1 .285
6 2.005 1 .005
7 1 .807 0.807
8 1.661 0.661
V 1 .550 0.550
10 1 .462 0.462
20 1.111 0.111
30 1 .033 0.033
40 1 .010 0.010
50 1 .003 0.003
For a system with very low residual feedback 
the op en  loop response will tend to zero, and therefore
the sy s te m  sensi tiv it y functio n------------- ------ 1> 1, and
S r(w ) -----> 0 .  This means that the system become directly
s e n s i t i v e  to small c ha nge s in parame te rs in the
f e e d fo r w ar d  transfer fun ct io n  and insensitive to small 
ch a n g e s  in the residual feedback transfer function.
A knowledge of all of H^^(w), T(w) and
Hf^,(w) is reguired to c al c ul ate  the acoustic feedback
se ns i t i v i t y  function, S, ( w ) , and both ( w ) and
H^^(w) are dependent on the pr o pe rti es  of the specific 
system. This means that, unlik e the other two sensitivity 
functions, it is not possi bl e to ca lc ulate values for
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tTiis s e n s i t i v i t y  o n  t h e  b a s i s  o f  a t t e n u a t i o n  a l o n e .  
H o w e v e r  it is p o s s i b l e  f o r  a n y  q i v e n  s y s t e m  to  c a l c u l a t e  
t h i s  s e n s i t i v i t y  f u n e  t i o n , a s  s a m p  l e d  v e r s i o n s  o f  t h e  
t h r e e  t r a n s f e r  f u n c t i o n  ( H f r.r ( w ) ,  Hfi'i(w), a n d  f ( w )  c a n  
b e  o b t a i n e d  f r o m  t h e  m e a s u r e d  s i g n a l s .
For the special case where there is very
little residual feedback ie Hr ^ ( w ) T ( w )  C> O , then from
e g u a t i o n  6.15 it can be seen that the system sen sitivity  
f un c t i o n  to small ch anges in the acoustic system feedback 
transfer function (H^i(w)), tends to the value 
—H F- F-- ( w ) H fe t ( w ) .
6.3 CA L C UL A T I O N S  ON E XP ERI ME NTA L DATA
6.3.1 Introduction
A series of cal cu la t i on s  was performed in 
order to gain insight into the effect of filter length on 
the overall per f o rm a n ce  of the ANC system. Calculations, 
based on the eg uations in Section 6.2, were made for both 
the hybrid and all-digital implementations, and for three 
d iff er en t types of duct terminations, a n e c h o i c / a n e c h o i c , 
a n e c h o i c / o p e n  and open/open.
It has already been shown that the end 
ter min a t io n s  influence the responses needed for the 
fe ed fo rwa rd and feedback filters. It is the duration and
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t h e  d e t a i l e d  c o m p o s i t i o n  of t h e  i m p u l s e  r e s p o n s e s  t h a t  
w i l l  d e t e r m i n e  w h a t  o r d e r  of (~1R f i l t e r  w i l l  b e  r i e e d e d 
f o r  g o o d  m o d e l l i n g .
(here are two extreme end termination 
c o n d i t i o n s  for a duct namely a) anechoic, b) perfectly 
reflecting. In practice it is not possibl e to have a 
p e r f ec t l y anechoic termination, however acoustic wedges 
made from fibrous material can be used to reduce 
s ub s t a n t i a l l y  the refle ct ion s from the end. This was done 
to the duct investigated pre vio usl y to achieve an 
a p p r o x i m a t i o n  to an anechoic termination. The other 
te rm i na t i on  c on dit io n that was investigated was leaving 
the end of the duct open. Three different com bi nat io ns  of 
these t er min at ion s were used, namely a n e c h o i c / a n e c h o i c ,
op en/open, and anechoic at the primary source end with
the other end open.
I he measuring p r oce dur e described in chapters
4 and 5 was used to ca pture the ap propriate signals 
needed for FIR system identification. The same transducer 
a r r a n g e m e n t s  were used as previou sl y (table 4.1) and the 
gain set ti ng s  of the microp hon e and power amplifiers were 
kept un al te red  throughout all the measurements. This was 
done so that the results obtained would be directly 
com parable, in that the only diff er enc e between each set 
of me a su r e m e n t s  would be in the way that the ends of the 
duct was terminated. A complete set of measurements were 
taken one after the other for all three different duct
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t er m in a t io ns  to minimise t )ie effects due to any time 
va ryi ng  p ro pe rt ies  of the ele ctroacoustic system (e.g. 
temperature, ba ckground noise level e t c . ).
6.3 .2 A n e c h o i c /anechoic terminations 
6-3.2.1 Hybrid system
6.3.2. 1.1 Open loop response
The FIR appr ox ima tio ns  for the feedback filter 
are show n in fig. 6.2 <b), (c) and (d) for filter lengths
256, 128 and 61 points respectively. The feedforward
filter together with the various FIR approxima ti on s to it 
(already shown in Figure 5.6) are repeated here as Figure 
6.3.
The system open loop response was calculated 
using e g ua tio n 6.9, for various different length filters 
in the fe e d for war d and feedback paths. If there were 
pe rf e c t ca n c el l a ti o n  of the electroac ou sti c feedback, the 
open loop gain would be zero (ie. -a>dB) for all 
fr equ en cie s; the results actually obtained are shown in 
F i g u re  6.4. They show that using filters of lengths 256,
128 and 61 to model both the feedforward and the feedback 
paths, then the system ma ximum loop gain , given by the 
d i f f e r e n c e  betwe en  the highest peak in the passband and 
üdB, was of the order of -30, -25 and -18dB respectively.
I.e. the gain is in each case much less than unitv. Only
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the gain of the open loop transfer functi on is important
for assessing the stability of the system as the large
amount of phase shift associated with the ele ctroacoustic 
feedback path means that there will be a large number of 
fr e q u e n c i e s  where the phase shift around the loop is
180°, sa tisfying the phase cond iti on for potential 
instability. When a feedforward filter of length 256 was 
c o m b in e d  with a 61 coefficient feedback filter the
m a x i m u m  open loop gain stability was of the order of 
-ISdB.
6 . 3 . 2 . 1 . 2  Closed loop response
The closed loop response of the entire ANC
sy st e m  should be equal but op pos it e to that of the
aco ust ic  system alone. The computed closed loop respon se  
for syst em s employing feedforward and feedback filters 
both of lengths 256, 128 and 61 are shown in figure 6.5
(b), (c) and (d) and can be compared with the ideal
r e s p o n s e  shown in figure 6.5(a).
6 . 3 . 2 . 1 . 3  At ten u a ti o n
The ca lculated atten ua tio n graphs for the duct
inv est ig at ed (computed from Egu ati on  6.10) are shown in
fi gu r e  6.6 (b), (d) and (f) for fe ed forward and feedback
fi lt e rs  both of lengths 256, 128 and 61. These graphs can
be c o mp are d with those for feedforward filter lengths
256, 128 and 61 points but assuming perfect feedback
c a n c e l l a t i o n  (figures 6.6 (a), (c ) and (e)).
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1 he predicted level of att en uation ac hievable 
from an ANC system emp loying a feedforward filter of 
length 256, and a feedback FIR filter of length 61 is
shown in figure 6.7.
6- 3. 2 . 1 . 4  Se ns itivity
Using eguation 6 . 1 3 —6.15, it is possibl e to 
c a l c u l a t e  values for the system sensit iv ity  fu nction
< SuF^ ---( w ) , Sr(w) and (w) ) , using sampled
v e r s io n s  of the transfer fun ctions involved. These can be 
ca lc u l at e d  using the measured sign al s and the feedforward 
and fee db ac k filter responses. The calcul at ed sensitivity  
f u n c t i o n s  for 256 point filters in the feedforward and 
fe ed ba ck  pa ths are shown in figure 6.8.
Note that the fr eguency responses shown for 
SwFTF ( w ) and S-, ( w ) do verify the argument advanced in 
s e c t io n  6.24 that, for a system with little residual 
feedback, the two sen si tivity functi on  S m f f -(w ) and
S-r ( w ) will tend towards 1 and 0 respectively. It is
interesting to co mpare the values for and
Sr(w) in these graphs with those calculated from the 
open loop gain using e gu at io ns 6.13 and 6.14. Table 6.2 
(figure 6.14) shows the ma ximum values for the two 
se ns i t i v i t y  func tio ns  ca lculated from the worst case 
values of the open loop gain. There is good agreement 
b e t w e e n  the values guoted in table 6.2, and the maximum 
value s read off directly from figure 6.8.
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Ihe acoustic feedback sensitivity function 
S, , ( w ) shown in figure 6.8(c) is seen to show much 
greater va ri ation with freguency compared with the 
fe ed f or w a rd  and residual feedback sensitivity functions. 
Wi th i n  the system passband the maximum value of this 
se ns i t i v i t y  function is 1.7, compared to 1.03 and 0.03 
for the fe edforward and residual feedback sensitivity 
f une t i o n s .
6 . 3 . 2 . 1 . 5  Summary
For the duct investigated, having anechoic 
t er m i n a t i o n s  and with the feedback filter realised as a 
s ep a r a t e  independent FIR sampled data system, the maximum 
open loop gain is in the range -18 to -30dB, depending on 
the length of filter used. This means that significant 
ch a n g e s  in the fe edforward and feedback paths can be 
tolerated without the system going unstable. However the
effect on the system closed loop pe r f orm an ce  will depend 
on pr e c i s e l y  what these cha ng es are.
It was found that the sen si tivity functions 
for small cha nges in the fee df orward and residual 
feedb ack  transfer functions- were app roximately 1 and 0
respe cti ve ly . For small changes in the acoustic feedback
transfer fu nct ion  the sensitivity function was seen to
vary si g n if i c an t l y with freguency, having a maximum value 
of 1.7, when employing filters of lengths of 256 points.
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Ihe predicted closed loop perfor man ce  of the 
syste m shows achievement of a level of at tenuation 
c o m p a r a b l e  to that which would be achieved if the 
feedback ca nc ell ati on  were perfect. The results indicate 
that for the duct investigated a feedback filter of 
length 61 may be sufficient to ensure a stable system 
(maximum open loop gain of the order -ISdB) and similar 
a t t e n u a t i o n  will still be achieved to that which would be 
obt ai n ed  using a much longer feedback filter.
6 . 3 . 2. 2  A l l —digital system
6.3 .2.2.1 Open loop response
A similar series of cal c u la t i on s were done for 
an all-digital implementation of the ANC system. The open 
loop res po ns e s  using similar filter lengths (256/256, 
128/128 and 61/64) are shown in figu re s 6.9 a, b and c. 
The m a xi m um  gain is of the order of -18, — 12 and -8dB
res pec tively.
The open loop gain for a system having a
f e e df o r wa rd  filter of length 256, and feedback filter
length 64 is shown in fig. 6.9(d).
6 . 3 . 2. 2 . 2 A tt en ua tio n
The ca lcu la ti on attenua ti ons  are shown in
figu res  6.10 (a), (b), (c) for feedforw ar d/ fee dba ck
fi lte rs  of lengths 256/256, 128/128 and 61/64 points.
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Ihe attenuation from a system employing 256 
c o e f f i c i e n t s  for the feedforward filter and 64 
c o e f f i c i e n t s  for the feedback filter is shown in figure 
6.10 (d ) .
6 - 3 . 2 . 2 . 3  Sen sitivity
Carrying out the c alc ula ti on s discussed in 
s e c t i o n  6.3.2,1.4, but how for the all-digital system, 
pave the results shown in figure 6.11 for the three 
s e n si t i vi ty  functions. Notic e that the ma ximum values of 
all three sen si tivity functions are greater than their 
e q u i v a l e n t s  for the hybrid realisation.
6 .3 . 2 . 2 . 4  Summary
For the all-digital system the predicted 
a t t e n u a t i o n  with filters of lengths 256/256, 128/128 and
61/64 IS never less than 20, 15 and 3dB respectively. For
the system using a 256 point filter in the feedforward 
path and a 64 point filter in the feedback path the 
a t t e n u a t i o n  is in excess of 15dB. Hence once again the 
a t t e n u a t i o n  achieved with a rel at ive ly short feedback 
filter is co m par ab le  to that which would be obtained if 
the feedback filter were very much longer, showing that 
all these lengths of feedback filter are able to model 
the feedback path sufficie nt ly  well to reduce
s i g n i f i c a n t l y  the influence of the feedback path on the 
closed loop system.
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Ihe maximum open loop qain of the svstem is of 
the ordei ot ~18, — 12 and -8dB respectively,
s i g n i f i c a n t l y  poorer than in the hybrid realisation.
Using ieedforward and feedback filters with 
only 61 and 64 c o ef f ic ien ts respect iv ely  the level of 
a t t e n u a t i o n  is poor (figure 6.10(c)), and also the 
m a x i m u m  ope n loop gain (8dB) is such that the residual 
fe ed ba ck sensit iv ity  funct ion  is r el at iv ely  large, so the 
actual pe r f or m a nc e may differ sig ni fic ant ly  from the 
predicted. The 128 point feed fo rw ard /12 8 point feedback 
case is not vastly better, but for filters of length
256/256, the maximum open loop gain (— 15dB) is at a more
a c c e p t a b l e  level and att en uat ion  is in excess of 20dB.
As in the hybrid case, the system was found to 
have s en s it ivi ty fun cti on  8 ^ ^ ^ ( w ) and S ,(w )
a p p r oa c h in g  1 and 0 respectively. The acoustic feedback 
s en s i t i v i t y  funct io n S,..,??* :i ( w ) had a maximum value of
1.9, when  using filter lengths of 256 or 128 points in 
the fe e d fo rw a rd  and feedback paths.
6 . 3 . 2 . 3  C o m p a ri s o n bet wee n the two re al is ati ons
For the duct investigated, anechoically
term ina te d at both ends and employing the hybrid 
a rr a n ge m e nt  of filters, the length of filters required is 
of the order 128—256 points in order to achieve a 
sa t i s f a c t o r y  level of p er for man ce  vi.e. capable of both 
giving a useful level of at te nuation and also being 
reliably  stable).
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When the whole system is implemented as an 
all-diqital filter, the lengths of filters needed in the 
mo de l l in g  of the feedforward and feedback paths is of the 
order of 256 coeffici en ts  to achieve satisfactory 
perf orm an ce . Thus the filters need to be longer for this 
n fi g u r a t i o n  than for the hybrid system in order to 
hie ve  the same performance. A similar message may be 
ob tai ne d by looking at the sensit iv ity  functions. For 
fi lte rs  of the same length the se nsi ti vit y functions for 
the a l l —digital implementation are greater than for the 
hybri d case.
This di f fer enc e in per fo r ma n c e can be 
ex pl a in e d  using the ideas in Appendix D which cons ide rs  
FIR mod e ls  of an al l-pole system and of the inverse of an 
al l- p ol e  system. For the all-digital realis at ion  the 
feedb ack  filter is required to d up lic ate  the impulse 
r e s p o n s e  of an electro ac ous ti c feedback path that 
includes the an ti- ali as  analog filt ers  and this adds 16 
po les  to the respon se being modelled. However in the 
hybrid re a li s a ti on  the feedback filter has to duplicate 
the c o n v o l u t i o n  of the elec tr oa cou sti c feedback path and 
an impulse response equal to the inverse of the analog 
filters. Hen ce the system contains 16 extra zeros rather 
than 16 extra poles, and hence the filter impulse 
r e s p on s e  is shorter in duration, implying the need for 
less c o ef fi c i e n t s  (see figure 6.12).
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Ihe same line of reasonina can be extended to 
the m od ell in g of the feedforward path, where the filter 
IS reguired to co mpensate not only for the analog 
fi lt e ri n g  of the sampled data system, but also for the 
pr es e n c e  ot the other analog elements needed in the 
f e e df o r wa rd  path (microphone, amplifiers and
1o u d s p e a k e r ).
6.3.3 O pe n / o p e n  terminations
A similar set of me as ur e m en t s  to those carried 
out in the duct with anechoic termina ti ons  were repeated 
with the wedges removed. The open ends to the duct meant
that there was more r e fl ect io n of sound from the ends,
and ther ef ore  the sound field inside the duct was more
re ver be ra nt.  It was thought that this would be a better
a p p r o x i m a t i o n  to a real duct.
Some of the recorded signals from the duct
with op e n end te rmi nation are shown in figur e 6.13. The 
system pe rf or m a nc e  was assessed in the same way as
p r e v i o u s l y  using filters of lengths 256 and 128 points 
for the f eed for wa rd and feedback paths.
The system perfo rm anc e was predicted both for
the hybr id filter arrangement and also for the
all-d iqi ta l system.
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The results obtained are summar ised in the
table in Figure 6.14. The single figures guoted for the
a t t e n u a t i o n  levels are typical figures for within the 
pa ss b an d  of the system obtained by visual inspection of 
the at te nu at i on / f re g u en c y  graphs. The figures for the 
s e n s i t i v i t y  functions (Sm f f -(w ) and S r ( w ) ) were
obt ai n ed  by substituting the values for max im um open loop 
gain into eguations 6.13 and 6.14 and hence represent 
worst cases. The figures guoted for the sensitivity 
fu n c t i o n  ( , ( w ) ) were obtained by evaluating equation
6.15, as described in section 6-3.2.1.4 and looking for
the m a xi m um  value.
6.3.4 Open end /anechoic termination
A third set of me as ur eme nt s were taken with
the duct having one end open and the other (nearest the 
pr i m a r y  source) anechoically terminated using acoustic 
we dg e s of fibrous material. This was done in order to
study a situ at ion  intermediate between the two previous
cases. The system pe rfo rma nc e in terms of stability (open 
loop response) system sen sitivity and level of 
a t t e n u a t i o n  (closed loop response) for both ways of 
impleme nti ng  the feedback filter are summarised in Figure 
6.14.
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6.4 DI S C U S S I O N  ÜF A L L THE RESULTS
6.4.1 Open and closed loop r es p on ses
the results indicate that the perfor ma nce  of 
the ANC system deteriorated when the acoustic wedges were 
removed from the ends of the duct. This was to be
ex pec te d on account of the more reverberant sound field
inside the duct, which causes the ideal form for the 
impulse respo ns es  of the feedforward and feedback filters 
to be more com plicated in nature and longer in duration. 
However for the duct investigated it transpired that for 
all three terminating cond it ion s the impulse responses to 
be mo del led  were more or less contained with in  a time
co rr e sp o n d i n g  to 256 sample pe riods at the clock rate 
used, indicating that this number of points was adeguate 
to a c hie ve an accepta bl e level of performance. 
"Acceptable" here means a value for the system maximum
open loop gain of -l5dB, and a level of attenuation 
greater than 15dB.
6.4.2 S e ns i t iv i t y functions
With one or both ends open the sensitivity 
fu nc t i o n s  tend to be l a r g e r , implying that the system is 
more s ens iti ve  to small changes in the feedforward and 
feedback el ec tro aco us ti c transfer functions.
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What one would like for an ANC system would be 
for all the sensitivity functions to be zero, makinq the 
s yst em  very insensitive to external parameter changes. 
However for the design discussed here the best that is 
p os s i b l e  is for the system to have a sensitivity function 
of unity for the feedforward path and zero for the 
residual feedback path. For the acoustic feedback
s e n si t i vi ty  functi on  it is not possible to give an 
"ideal" value for this re ali sa tio n as it depends on the 
p r e c is e  re v e rb e r at i o n cha ra ct er i st i c s of the duct.
6.5 SU MM ARY
It has been found that system perfo rma nce  was 
mor e si gn if i c an t l y affected by the way in which the 
e l e c tr o ac o u st i c  feedback path was modelled (i.e. as a
hybrid or an all-digital system), than by the way that
the ends of the duct were terminated.
To achieve sa tisfactory performance, the
fil ter s in the ANC system need to be guite long. The
al l-digital system had greater maximum values for the 
s en s i ti v i ty  fun cti on  than the hybrid system for the same
lengths of filters. This meant not only that such a
sy ste m would be less stable but also that its real-life 
p e r f o r m a n c e  was more likely to differ significantly from 
that predicted.
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Though the detail of the results presented 
here (for example the absolute lengths of the filters 
reguired to achieve a certain performance) relate only to 
the particular duct investigated, the general con cl usions  
may be applied to any duct. The same approach can also be 
applied to any duct in order to specify the complexity of 
fi lte rs  needed in order to achieve a given performance. 
Hence the meth od s described here may be used as a design 
tool to test the ability of a system of a given 
c o m p le x i ty  to meet a given per formance specification.
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7.1 INTRODUCTION
In this thesis the pe rformance of a minimal 
ANC sy st em  consistinq of a single loudspeaker and 
de te c t in g  mic ro p ho n e  in a duct has been analysed and 
ev al u at e d  using FIR system identification. In section 7.2 
the basic ideas behind the design and implementation of 
the ANC syste m are reviewed. The practical applic at io n of 
these ideas to a real system is then considered. The main 
c o n c l u s i o n s  from the experimental investigation of the 
syste m are discussed, in order to highlight the 
a d v a n t a g e s  and limitations of this method in producing a 
re li a bl e  stable working ANC system, capable of producing 
a gu a ra n t e e d  leyel of pe rformance in a given situation. 
The chapt er  c on clu de s with pr oposals for further work, 
ext en d i ng  and building on the work reported.
7.2 BAS IC  IDEAS
It has been shown that the basic pr oblem is to 
spe cify the re q u ir eme nt s of the 'black box' bet ween the 
d ete ct in g mi cr op h o ne  and .. the secondary source
loudspeaker. Be cause the system has inherent feedback 
there is the possi bi lit y of instability, so the 'black 
box' must c o mpe ns at e for the effect of this feedback, 
whilst also ensuring that the system will have the 
transfer fu nc tio n needed for ca ncellation of the unwanted 
noise. I Ti chapter 2 it was shown how control theory could
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be used to design the black box. It was recognised that
the black box had tne characteristic of a closed loop 
system con ta in ing  both a feedforward and a feedback path. 
This led to the idea of independently modelling the 
fe ed f o rw a r d and feedback paths, and connecting these two 
paths in a feedback loop to synthesise the black box.
The stability of the ANC system is of major 
practical importance. The problem of stability is 
ov er c o m e  by incorporating into the black box feedback
path an inverted model of the real system feedback path 
to nu ll if y the pr esence of the feedback. The real system 
fee dba ck  path was modelled using an FIR filter. Providing 
that suffici ent  canc el lat ion  of the feedback path is 
ob tai ne d the system will be guaranteed stable and the 
p r e s en c e  of the feedback path can be ignored. This means
that the filter in the feedforward path (to achieve 
c a n c e l l a t i o n  at the monitoring microphone position) can 
be d e si gne d under the assumption that there is no 
feedba ck at all.
If two independent sampled data systems 
(hybrid configuration) are used, to model separately the 
fe edf o r wa r d  and feedback paths, there is a causality 
co ns t r ai n t  on the realis at ion  of both the filters. If an 
all-diqital co nf i gu ra ti on is used then there is no 
ca us a li t y  constr ai nt on the feedback f i l t e r , because it 
IS m ode ll in g a complet el y causal system.
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ihe overall pe rformance ot the system will 
depend on the complexity of the physical systems to be 
modelled, which will determine the order of FIR filters 
needed to obtai n satisfactory performance. The comple xit y  
and the un kn own  nature of the transfer functions involved 
means that they can only be determined by carrying out 
m e a s u r e m e n t s  on the system. A measuring system was 
d e v el o p ed  using the TMS320 p r o c e s s o r . This same processor 
could be used for the implementation of the two FIR 
filters. The measuring system was used to measure signals 
for input to the FIR system identification algorithm.
7.2.1 Practical applic at io n (real d u e t_)_
7 . 2 . 1 . 1  Exp er ime nta l work
In chapter 6 , the results obtained from the 
e xp er im ent al  investigation into the p erf orm an ce of a
minimal ANC system were analysed and evaluated in terms
of sys t em  attenuation, stability, and sensitivity to
uncerta int y,  for various orders of FIR filters. The
p e r f o r m a n c e  of the system was assessed for the two
diff ere nt  po s s ib l e  co nfi gu ra tio ns  (all-diqital or
hybrid). An idea of the effect of different end
te rm i na t i on s  on the order of FIR filters needed was
ob tai ne d by ev aluating the results obtained when the duct 
had three different end terminations (a n e c h o i c /a n e c h o i c , 
o p e n / o p e n  and a n e c h o i c / o p e n ).
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7.2.1-2 Main conclusions
The main conclusion to be drawn from the 
r es ul ts p re sen te d in chapter 6  is that the system does 
woi k but in order to achieve a satisfactory level of
p e r f o r m a n c e  the length of FIR filter needed in the 
feedforward and parallel feedback paths is long. The 
p e r f o r m a n c e  of the system is dependent on the way in 
which the duct is terminated, but the effect of different 
end te rm in a ti o n s is less significant than the
c o n f i g u r a t i o n  used for the rea lis at ion  of the feedback 
f i l t e r . It was found that for the hybrid system the 
p e r f o r m a n c e  is better than the all-digital system for the 
same lengths of FIR filters. Though these co nc lusions
were der iv ed from the particular experimental duct used,
the f ol l o w i n g  g en e ra lis ati on  may be made: provided the
feedba ck path to be modelled by the digital filter in a
hybri d sy s te m  is causal, then better pe rfo r m an c e  will be
achiev ed for the same length filters for a hybrid rather
than an all-digital system.
7. 2. 1 .3  A d va n t a g e s  and limitations of the system.
In this section, con si de rat ion  will be given 
to some g e n e r a l i s a t i o n s  that can be deduced about the 
a d v a nt a g es  and the limitations of an ANC system of the 
type de s cr ib e d in this thesis.
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7.2.1.3.1 Portability
One major advantage o f the scheme and 
ap pa r a t u s  described is its portability, in that it can be 
used to assess the potential of using an ANC system 
b e f o re  any costly installation work is done. The order of 
FIR f i lt e rs  needed for accurate modelling of both the 
fe ed f o r w a r d  and feedback paths can be obtained. The time 
var yin g pr op er t i es  of the real system can be assessed by 
r e p e at i n g the measuring procedure several times to see 
how much the feedforward and feedback paths change with 
t i m e .
It may be that the order of the FIR filters 
needed to achieve any worthwh ile  real time control for 
ce r t a i n  practical applications are found to be 
p r o h i b i t i v e l y  high. It should however be noted that the
speed and the amount of addressable memory of single chip
digital signal processors are constantly being improved. 
For ex a m pl e the TMS32010, which was capable of doing a 
128 point co nvo lu tio n within one sample period at the 
sa mpl i n g rate of 1221Hz and was used for the work 
de sc r i b e d  in this thesis, has now been superseded by the 
T MS 32 02 0 which is able to implement a 256 point filter 
w i t h in  the same sampling period. Texas Instruments, the 
m a n uf a c t ur e r  of the TMS320 series, have announced the 
de ve l o p m e n t  of another processor TMS32030, that will be
more than three times as fast as the TMS32020. This
pr oc e ss o r  is due on the market within the next year or 
so. The implications are that, in the not too distant
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future, it will be possible to implement cheaply much 
higher order FIR filters in real time than is currently 
the case. Hence the system described in this thesis has 
the potential for future development as a stand-alone 
s yst em  for ANC application where the system is not 
s i g n i f i c a n t l y  time varying.
7. 2, 1 . 3 . 2  Sui tab le  model
As mentioned in chapter 3, for linear time 
inyariant systems there are three possi ble  models that 
can be used for the purposes of system identification. 
The model chosen for the work done in this thesis, was a 
Moving Av erage (MA) or FIR (all-zero) model. The choice 
of model dep en ds on the complex it y of the physical system 
to be modelled, and on how much prior knowledge there is 
a v a i l a b l e  about the system. It may be that for 
a p p l i c a t i o n s  where FIR modelling will lead to excessive 
deman d on the processing power of the microprocessor 
sys tem  to be used, that the use of one of another type of 
model (AR or ARMA) should be considered. It should be 
noted that the use of an Au t o reg re ss ive  Moving Average 
Model of the "correct" order, will give the minimum 
number of par ame ter s needed to complet el y de scribe that 
system. This can be a significant saving in terms of the 
digital pr ocessing re qu irements on the mi cr oprocessor to 
be used, in co mparison to FIR modelling. Whether an AR or 
ARMA model should be chosen will depend on other factors 
b esi de  that of the computational load on the 
m i c r o p r o c e s s o r . One of these is the need to constrain
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t.l-iese model s to be stable, whereas the FIR model is 
un co n d i t i o n a l l y  stable. The choice of a suitable 
al go r i t h m  is also important. The point to be made here is 
that for situations where the order of FIR filters needed 
is ex ce ss i v el y high, then the captured signals used here 
in the FIR algorithm can be used instead in either an AR 
or AR MA  system identification algorithm. Thus the same 
c ap tu red  signals can be used in different algorithms to 
as se s s the relati ve perfo rma nc e of each in modelling the 
re gui re d filters.
7 . 2 . 1 . 3 . 3  System sensitivity
A major practical limitation of using a system 
m o d el l i ng  approach is the sen si tivity of the system to 
small parameter changes. This can mean that even with 
initially accurate models for transfer functions 
involved, the actual system pe r fo rma nce  may deviate guite 
si gn i f i c a n t l y  from what has been predicted.
For the ANC system used in this thesis, it was 
found that, with perfect ca nc e ll a t io n  of the
e l e c t r o ac o us t i c feedback path, the system has a 
s en s i t i v i t y  functions of unity for the feedforward path. 
This implies that small changes in the feedforward path 
di re c tl y  affect the output from the system and hence the 
level of at t en uat io n achievable. Because the sensitivity 
to the residual feedback path was close to zero, however 
the syste m will be less sensitive to small changes in 
this. However the experimen ta ll y observed values of the
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order of unity for the acoustic feedback sensitivity 
fu nct io n imply a similar sensitivity to changes in this 
path as to the feedforward path.
7.2.1 .3.4 Ada pt ive  f i 1 ter i ng
If the physical system has slowly time varying 
p r o p e r t i e s  then the possibility exists of repeating the 
FIR system identification measuring procedure at
intervals to take account of var iations in the system 
dynamics. This type of off-line data analysis can be used 
to upd a te  the system to maintain the performance of the 
s yst em  near to its op timum designed level, provided that 
the syste m para met er s vary slowly enough. An example of 
the a p pl i c at i o n of this pri nciple of self-adaptive system 
to the ANC problem is given in the references [201 C211
C221. The ANC system used in this thesis is directly 
am en a bl e  to dev el opment as such a se lf- ada pt ive  system.
If the system to be modelled has properties
that are highly time varying, then it may be possible to
track these pr o pe rti es by using adaptive filter(s) with 
c o e f f i c i e n t s  altering in a continu ous  fashion C291. There 
are however a number of practical problems that need to 
be o v er c o me  if continu ous  adaptive filtering is to be 
used in ANC systems C211 [251 C3 0 D .
The necessity to carry out some measurements 
on the acoustic system for the purposes of estimation is 
a c o mm o n feature of both the fixed digital filter
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r ea l is a t i o n  used in this thesis and of adaptive systems.
It is another advantage of the measurement method
d esc ri be d here that it can be used in order to estimate  
the order of FIR filter needed in an adaptive system.
7.2.2 Fu tur e work
1 he following section contains proposals for 
future work, based on the work already described.
(a) O n — site (away from the laboratory)
e v a l u a t i o n  of the system per fo rmance for the solution of 
some real practical problems (e.g. an industrial air 
c o n di t i o ni n g  duct, etc.).
(b) Extending the method of FIR system
id en t if i c a ti o n  to the control of three dimensional 
acoustic sound fields (e.g. small enclosu re s and free 
s p a c e ).
(c) Eva lu at ion  of the pe rformance of the 
system des cribed for controlling mechanical vibrati on s  
and perio di c noise sources.
(d) Assessment of the use of different time 
invariant models (i.e. different system identification 
algorithms) for ANC applications.
(e) Development of continuo us ly  or block
ada pti ve  systems.
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7.2.3 Summary
FIR system identification for designing an ANC 
system has been successfully applied to an experimental 
wo od e n duct. The two FIR filters needed to model the
system fe e d for war d and feedback paths were found to be 
r e l at i v el y long due to reverberation, in order to achieve 
a s at i s fa c t o r y  level of performance from the system. The 
c o n s t r a i n t s  on the realisation of the two filters in 
terms of c aus ali ty  and stability have been discussed in 
some detail. The performance of the system has been
eva lu a t ed  and assessed in term of level of attenuation, 
stability, and system sensitivity to parameter
var i at i o n s .
The adv an tag es and the limitations of the use 
of such an ANC system for widespread ap pl ic ati on  have 
been discussed. It has been concluded that the ANC system 
used in this thesis is worthy of further development for 
a pp l i c a t i o n s  where the system properties do not
s ig n i f i c a n t l y  change  with time. For systems where the
p r o p e r t i e s  do change significantly, it has been proposed 
that the method should be further developed to make the 
syst em ada pti ve  to take account of these changes, and so 
m a i n ta i n  the pe r fo rma nc e of the system near its optimum 
l e v e l .
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APPENDIX A
Loudspeaker transfer functioi
A .1 F r eq u e nc y  r e s p o n se
I he transfer function relating the input 
vo l t a g e  to the output volume velocity for a loudspeaker 
is gi v en  by the Laplace Transform exp re ssi on [341:
s ( A B l )
Hi....<3 ( s ) = ---------------
(Z^^m)+(Bl)e A . 1
whe re  Z^=He+sLE, Z„,=R,„+R,. .+s ( m+m,->+K/s . The
e x p r e s s i o n  for the mechanical impedance can be simplified
by as suming that the ra diation impedence Z r. = Rr+siir is
so small that it can be neglected, so that
Zm=R„,+sm+K/s. By substituting back into ex pr es s i o n
(A.l) it can be shown that the loudspeaker transfer
fu nc t i o n  is given by:
s(U)
s^a + s^-b + sc + d (A. 2)
wher e U = A B1 
a = mL,=r 
b = R„,Lr + R.~m
c = Lr:.K+ RisRm (B 1
d = Rf?K
In this exp re ss ion  the denominator is a cubic equation.
Eq ua ti ng  the denominator to zero and calling the roots of
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the eq u a t i o n  d , , d^  ^ and d then the exp re s si o n  for
H, .3 can be re-written as:
s(U)
(s+di)(s+d^)(s+d3) (A.3)
Ifiis expression for the loudspeaker transfer
f u n c ti o n  introduces the idea of using poles and zeros to
d e s c ri b e  the frequency behaviour of a system in the s
plane. The loudspeaker is an example of a third order
system, containing three poles and three zeros (one at 
the o rig in and two at i n f i n i t y ) . Known valu es  of the 
lo uds pe ak er' s paramet ers  can be used in the system 
cha ra c t er i s ti c  equation (denominator equated to zero) to 
find the posi ti ons  in the s plane of the system poles. 
Taking as an example the K.E.F. loudspeaker B139.B and 
using the data sp ec ifi cat io n sheet (no. SP1044) to obtain 
numerical value s for the system parameters, a computer
p r o g ra m  was used to evalu ate  the roots of the 
cha rac te r is t i c equati on and gave the following results: 
di=-1123 2ra d/ se c, d.3 = - 5 3 4 rad/sec , and
d 3 = - 4 9 r a d / s e c . Hence all the poles are simple and 
distinct. Their posit io ns  in the s-plane are shown in
Figur e A.I.
Knowing the posit ion s of the poles and zeros
the steady state frequency response of the system can be
eval uat ed  by substituting s = jw in the system transfer
function. This turns the Laplace transform into a Fourier
transform. For the KEF loudspeaker the results are shown
in figur e A . 2. This transfer function is seen to be far
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from ideal as it introduces a significant amount of 
di s t o r t i o n  of both the amplitude and the phase.
The graph also indicates the nature of system
inverse transfer function that would be required for
pe rfect com p e ns a t io n  or equal is at ion  of the loudspeaker
response. The compensating network transfer fu nct ion  is
give n by 1 , implying that the inverse transfer
( s  )
fu nc t i o n  is required to locate zeros at the prec is e
location of the system poles and poles at the system
zeros. The pro b l em  here is that the inverse transfer 
f u n c ti o n  required is non-rational as the degree of the
nu merator exce ed s that of the denominator. This type of
transfer fu nc tio n cannot be synthesised by a physical
system. However very often sati sf ac tor y pol e-zero
c o m p e n s a t i o n  can be achieve by incorporating extra poles  
into the non-rational transfer funct ion  to make it
rational. The extra poles that are required to make the
inverse system physically realisa bl e should be located
far enough from the system dominant poles so as not to 
alter si g nif ica nt ly the perfor ma nce  of the system. Thus 
it is po ss ib le in practice to make a good ap pr o x im at i on
to the inverse of a system transfer function using the
method of pole-zero matching. One drawback on this method 
is that is that the exact location of the real system
poles and zeros need to be found, and then it must be
assumed that these position are fixed and will not vary 
with t i m e .
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A.2 - Impulse response
The system behaviour can also be des cribed in 
the time domain by its impulse response, which is the 
inverse L ap lac e transform of the system transfer
f u n ct i o n i.e. h,.3 (t) = L  ^H,.. 3  ( s ) . Hen ce  the
loudspeaker impulse response is given by the Inverse 
La p l a c e  T r ans for m of:
s(U)
_(s + d 1 )(S + d e )(s + d 3 ) J
h, _ 3 ( t ) = L"-' (A.4)
The 3rd order transfer function, contain in g three simple 
di sti n ct  poles, can be re -written as the sum of three 
first order terms:
B Cs(U) A
< s+d i. ) ( s+ds ) ( s+d3 ) (s+dn. ) (s+d^) (s+d^)
(A.5)
It can be shown that the co ef fic ien ts  A, B and C are 
giv en by the following expressions:
- d:, U
( -d t +d^ ) ( -d 1. +d3 )
(A. 6 )
- d e  U
( - d æ + d  s. ) ( - d e + d a  >
- d 3  U 
(- d ^ + d ,)<- d a + d s )
so now the loudspeaker impulse response is given by:
A B C
B =
C =
(A.7)
(A. 8 )
h,..e(t) = L :------------ + L ^------------ + L ---------
(s+dr) (s+dp. ) (s+d3>
(A.9)
The inverse Laplace transform for each term can be 
ob tai ne d from tables to give the following e x pr e ss i o n for
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loudspeaker impulse response;
h, 3 (t ) = A e x p (- d ,t )+ B e x p (- d ^ t )+ C e x p (- d ^ t ) ( A . 10)
Hen ce the system impulse is the sum of three exponential 
terms. For the KEF loudspeaker the following exp re ss i o n  
for the impulse response was calculated:
hr.,3 ( t ) =-0 . 409x 1 0 ■•'-‘exp (-11 232t ) +0 . 448exp ( - 5 3 4 1 ) -0 . 389exp ( -49t )
(A.11)
A plot of this is shown in figure A . 3.
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APPENDIX B
B 13.1 ta 1 t.i_l_ter i nq and Sampled Data Svs te*
A co ntinuous system transfer funct io n can be 
ap pro x i ma t e d to a good degree of accuracy using a sampled
data s yst em incorporating a digital filter. The digital
pr oc es sor  is the central part of any sampled data system.
It is reguired to operate on digital input samples to
pr od u ce  the correct output samples.
The need to sample the input signal and 
co nvert this into numbers for op era t i on  on by the digital 
pr oce ss or  necessi tat es the use of analog hardware. This 
c o n s i s t s  of two parts;
a) an input section consisting of an an t i-a li as ing  filter 
fo llo we d by a sampler and coder,
b) a decoder and re co nstruction filter to el im ina te the 
effect of the sampling process.
For a causal digital filter the system
transfer fun ct io n is given by the foll owi ng expression:
ao,+aeZ i+aez ..... a^.z
D ( z )   where N>M (B.l)
1 + b i Z  i + b ^ z  ...... b,,z
The above expression is analog uo us with the 
c o n t in u o us  system where the transfer funct ion  was written 
in terms of poles and zeros. In the digital case the a 's
and b's specify the system transfer functi on zeros and
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pole s respectively. Consider the case where the digital 
filter has no poles (except at the origin in the z—plane 
(trivial poles). These do not alter the ma gn it ude  of the 
filter response but do introduce a linear phase shift 
c o r re s p on d i ng  to extra delay). All the b's will be equal 
to zero arid hence the transfer fu nct ion  is given by
D(z) = ao + a.i. z ^^a^z ..... a„,z'" (B.2)
and will con tain only zeros.
Taking the inverse z transform of the above 
e x p r e s s i o n  gives the following ex p res sio n for the filter 
impulse response coefficients:
ao(OT), a,. (IT), a e ( 2 T ) ......a„,(mT) (B.3)
wh ere  T is the sampling interval.
Since the impulse res pon se  of such a filter is 
bo unded in time, it is called a finite impulse response 
(FIR) filter. Such a filter is un con di t io n a ll y  stable.
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APPENDIX t:
IM PLICATION OF CAUSALITY FOR A DIGITAL BASED SYSTEM
C.l - INTRODUCTION
The pu rpose of this appendix is to illustrate some 
of the co ns tra in ts  that causality imposes on the use of 
sampled data systems for real time control. Sampled data 
s ys te ms have to employ analog filters for an ti- aliasing 
and re c o ns t r uc t i on  and these introduce un a vo i d ab l e  delay. 
It is shown here that one can in a simple way get an 
ap pr o xi m a te  value for the delay due to the analog 
filtering. The necessity of incorporating sufficient 
delay into the physical system to be con tro ll ed  is 
illustrated by an experiment involving the modelling, by 
a sampled data system, of a pure time delay.
C.1.1 - Calcu la tio n of the time delay through an n-pole
ana log fiI ter
The phase delay and group delay of a linear system 
are defined by the following expressions:
Phase delay t,, = - 0  ( w )
---- (C.l)
Group delay t<-, = -dO(w)
-------  (C.2)
dw
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If the phase shift is linear with frequency, tp
and tq will both be constant, and equal to each other.
Since each pole in a f i l t e r ’s respo nse
introduces an extra — tt / 4 phase shift at the pole
fi equency, it follows that an n —pole filter, all of whose 
po les are around angular frequency w^, the total phase 
shift across the frequency range 0 —w^, will be of the 
order of -nn/4.
Hence, from equations C.l and C.2, the group
delay
f n tt/4 f n
to =   =  (C.3)
Wci 8fc,
where f i s  the cut-off frequency of the filter.
This expres sio n can be used to give an
ap pr ox ima te  value, for the delay through an n -p ol e low 
pass analog filter. It should be ap preciated that in a 
practical filter the phase shift is not strictly linear, 
e s p e ci a l ly  near the cut-off frequency, but a useful
e s t im a t e of the delay introduced by the filter across its 
pas sba nd  may be obtained.
C . l .2 - Ca lc ula ti on s for the experimental system used
The input and output analog filters were both 
8 th order and had the same cut-off frequency of 350Hz. 
Su bst i tu t i ng  these values into equation C.3, gives a
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value for the delay of about 5 .7 ms, or about 7  sample
pe ri o ds  for a system with a sampling frequency of 1221Hz.
Delays  of up to 1 sample period will also arise 
from the sample and hold and A/D converter, and there 
will also be a processing delay associated with the 
digital processor which must also be allowed for.
Henc e if such a sampled data system is to be
c ap a bl e  of providing a good model of a ce rt ain  physical
system, that physical system must have an inherent delay 
greater than 8  sample periods.
C.2 - M O D E L L I N G  AND FIR ESTIMATI ON OF A SIMPLE TIME DELAY 
C.2.1 — Introduction
This section describes an experiment carried out
to test the ideas advanced in the previous section. The
syste m to be modelled was a pure time delay and the
sampled data system employed a finite length filter. The
expe rim en ta l results demonstrate that there is a range of 
delay va lu es  over which good performance can be expected 
from such a system.
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c .2.2 - Choise of signals required
F i g u r e  C.l s h o w s  the v a r i o u s  t r a n s f e r  f u n c t i o n s  
and m e a s u r e d  s i g na l s .
G 1; ( z ) is the t r a n s f e r  f u n c t i o n  of the d i s c r e t e  
ti me  d e l a y  s y s t e m  to be m o d e l l e d ,  H^ %( w)  and H m o (w ) 
are the t r a n s f e r  f u n c t i o n s  of the a n a l o g  f i l t e r i n g  
a s s o c i a t e d  w it h  the s a m p l e d  d a t a  sy st em,  and is the
t r a n s f e r  f u n c t i o n  for the a n a l o g  to d i g i t a l  c o n v e r s i o n .
In o r d e r  to r e d u c e  the e rr o r  s i gn al  E(z) to
zero, it is r e q u i r e d  that  the two s i g n a l s  input to the 
s u m m i n g  j u n c t i o n  s h o u l d  be equal but i n v e r t e d  w i t h
r e s p e c t  to e a c h  ot he r .  If Yaæ(z) is the r e s u l t  of 
p a s s i n g  Yem( z)  t h r o u g h  and
and Y 3 o<z) of p a s s i n g  Y 3 , 3 t h r o u g h  and
Gt. , t he n  the d i g i t a l  f i l t e r  to be c o n n e c t e d  b e t w e e n  
t e r m i n a l s  1 and 2  mus t  h a v e  a t r a n s f e r  f u n c t i o n  g i v e n  by; 
F(z) = - Y s * ( z ) / Y 3 e(z) (C.4)
T he  a t t e n u a t i o n  of Y^c, ( z ) o b t a i n e d  by
A
e m p l o y i n g  a s y s t e m  of r e s p o n s e  F(z), a p p r o x i m a t i n g  F( z),
c a n  be  c a l c u l a t e d  from:
A
A T T N (z )  = 20 logic Cl+F(z) Y 3 f-( z ) / Y 3 0  < z ) 1 (C.5)
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c.2.2.1 - Experimental me t h o d .
The s e q u e n c e  of m e a s u r i n g  o p e r a t i o n s  w a s  s i m i l a r  
to that d e s c r i b e d  in s e c t i o n  5 . 2 . 2 . 1 .  F i g u r e  C .2
i l l u s t r a t e s  the m e a s u r e m e n t  s e q u e n c e .
1) The  s w e pt  s i n u s o i d  w a s  d o w n l o a d e d
to the T MS  3 20  d i g i t a l  p r o c e s s o r  m e m o r y  and o u t p u t
t h r o u g h  the s a m p l e d  d a t a  s y s t e m  D / A  c o n v e r t e r ,
r e c o n s t r u c t i o n  f i l t e r  and A / D  c o n v e r t e r  to o b t a i n  the 
sign al Yo< z ) .
2) N e x t  the s w e p t  s i n u s o i d  Yreje;$(z) w a s  p a s s e d  
t h r o u g h  the D/A, a n a l o g  r e c o n s t r u c t i o n  and a n t i - a l i a s i n g  
f i l t e r s  the A / D  c o n v e r t e r  to g i v e  Y c ( z ) .
3) T h i s  si gn a l , Y c ( z ) , w as  o u t p u t  t h r o u g h  the 
D /A  c o n v e r t e r ,  r e c o n s t r u c t i o n  f i l t e r  only, (not the 
a n t i - a l i a s i n g  f i l t e r )  and A /D  c o n v e r t e r  to g i v e  the 
s ign al  Ya e( z) .  (Note that the o p e r a t i o n  c a r r i e d  o ut  on 
the sig n al  in st e p 3 is id e nt i c al  to that in step  1, but 
c a r r i e d  out on Y,.o<z) r a t h e r  t han  Ys s( z ).
4) F i n a l l y  the e f f e c t  of a p e r f e c t  d i s c r e t e  ti me  
d e l a y  w as  p r o d u c e d  by p r e c e d i n g  Y o ( z ) w i t h  an
a p p r o p r i a t e  n u m b e r  of z e r o s  to p r o d u c e  Y^ c X z ) .
The s i g n a l s  Y 3 ,., and Y 3  a? w e r e  t he n  input to 
the F I R  a l g o r i t h m  d e s c r i b e d  in C h a p t e r  3 to o b t a i n  v a l u e s  
for the di g i t a l  f i l t e r  c o e f f i c i e n t s .
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c.2.2-2 - Results.
The o r d e r  of F I R  f i l t e r  in the s a m p l e d  d at a
s y s t e m  w a s  c h o s e n  to be 2 5 6  c o e f f i c i e n t s .  T he  d i f f e r e n t  
t im e  d e l a y s  u s e d  w e r e  O , 4 T , 6 T , 8 T , 12T, 16T, 32T, and
128T. T h e  i m p u l s e  and f r e q u e n c y  r e s p o n s e s  o b t a i n e d  as 
a p p r o x i m a t i o n s  to the d e l a y  a r e  s h o w n  in f i g u r e s  C.3, C.4
and C.5. I d e a l l y  the f r e q u e n c y  r e s p o n s e s  s h o u l d  be flat 
in a m p l i t u d e ,  w h i l e  the p h a s e  s h o u l d  be  li ne ar with  
f r e q u e n c y ,  w i t h  a s l o p e  c o r r e s p o n d i n g  to the p u r e  d e l a y  
of n s a m p l e  p e r i o d s .  H o w  well t he  s a m p l e d  d a t a  s y s t e m
m o d e l l e d  the  d i f f e r e n t  t i m e  d e l a y s  c a n  be s e e n  f r o m  the
g r a p h s  s h o w i n g  the level of a t t e n u a t i o n  ( c a l c u l a t e d  u s i n g  
e q u a t i o n  C.5) a c h i e v a b l e  by the  sy s t e m ;  t h e s e  ar e s h o w n  
in f i g u r e  C . 6 .
T h e y  s h o w  that in o r d e r  to a c h i e v e  a n y  u s e f u l
a t t e n u a t i o n  th e d e l a y  i n c o r p o r a t e d  into the p h y s i c a l  
s y s t e m  n e e d e d  to be of the o r d e r  6 - 8  s a m p l i n g  p e r i o d s .  
For t i m e  d e l a y s  less t h a n  six s a m p l i n g  p e r i o d s  l i t t l e  
a t t e n u a t i o n  w a s  a c h i e v e d ,  and at c e r t a i n  f r e q u e n c i e s  
t h e r e  w a s  e n c h a n c e m e n t .
The d e l a y  d u e  to the a n a l o g  f i l t e r i n g  was
e s t i m a t e d  f r o m  the t r a n s f e r  f u n c t i o n  s h o w n  in f i g u r e  
C . 5 ( c ) .  It s h o w s  a p h a s e  s h i f t  of a b o u t  - 4 tt in 3 2 0 H z  ,
w h i c h  c o r r e s p o n d s  well to the f i g u r e  of a b o u t  8  s a m p l e
p e r i o d s  e s t i m a t e d  in s e c t i o n  C . l . 2 f r o m  the s i m p l e  
a r g u m e n t s  a d v a n c e d  there.
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T h e  a t t e n u a t i o n  gr a p h  for the m o d e l l i n g  of a 
s y s t e m  w i th  an 8 s a m p l e  p e r i o d  d e l a y  is of the o r d e r  8 0 d B  
a c r o s s  the p a s s b a n d  of the sy s te m ;  i n c r e a s i n g  the d e l a y  
to 12 s a m p l e  p e r i o d s  i n c r e a s e d  the a t t e n u a t i o n  to
a p p r o x i m a t e l y  30dB. F u r t h e r  i n c r e a s e  in the p u r e  time 
d e l a y  to 16, 32 and 128 s a m p l i n g  p e r i o d s  did not
s i g n i f i c a n t l y  al ter  the o v e r a l l  level of a t t e n u a t i o n  any 
f u r t h e r .
Thus, the i n t r o d u c t i o n  of e x c e s s  d e l a y  into the 
p h y s i c a l  s y s t e m  ove r  and a b o v e  the m i n i m u m  n e e d e d  to 
e n s u r e  that the r e q u i s i t e  d i g i t a l  f i l t e r  w o u l d  be
r e a s o n a b l y  ca u s al  did not lead to s i g n i f i c a n t l y  i m p r o v e d  
p e r f o r m a n c e .
C . 2 . 3 - C o n c l u s i o n s
If a s a m p l e d  d a t a  s y s t e m  is to be u se d  to model 
a real s ys te m,  the d e l a y  in th e real s y s t e m  m u st  be
g r e a t e r  th an the d e l a y  f r o m  the a n a l o g  f i l t e r i n g  of the 
s a m p l e d  d a t a  s ys tem , so that the d i g i t a l  f i l t e r  will o n l y  
n eed  tu mo del a ca u sa l  syst em.  A h i g h l y  n o n - c a u s a l  s y s t e m  
c a n  be m o d e l l e d  by m o d e l l i n g  the c a u s a l  p a rt  of the
s y s t e m  i mp u l s e  r e s p o n s e  only, but  the p e r f o r m a n c e  of such 
a s y s t e m  will be poor. In a real s i t u a t i o n  two m e t h o d s  
e x i s t s  for i m p r o v i n g  m a t t e r s ;  e i t h e r  the ti m e  d e l a y  in 
the real s y s t e m  m us t  be i n c r e a s e d  or the d e l a y  t h ro u gh  
the a n a l o g  f i l t e r i n g  of the s a m p l e d  d a t a  s y s t e m  must be 
d e c r e a s e d .  T h is  latter c a n  be a c h i e v e d  by i n c r e a s i n g  the
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b a n d w i d t h  of the low p a s s  a n a l o g  f i l t e r s ,  p r o v i d i n g  the 
cl o c k  f r e q u e n c y  of the s y s t e m  is s u i t a b l y  in c r e as e d , but 
it is not p o s s i b l e  to a l t e r  the a m o u n t  of d e l a y  t h r o u g h  
the p a r t s  of the real s y s t e m  w h o s e  b a n d w i d t h  is fixed.
T h i s  is true  in p a r t i c u l a r ,  for e xa m p l e ,  for a
1o u d s p e a k e r .
Also  i n c r e a s i n g  the s a m p l i n g  r a t e  will m e a n  that 
t h e r e  is less ti me  a v a i l a b l e  to do the c o n v o l u t i o n
s u m m a t i o n  r e q u i r e d  for the d i g i t a l  fi l t e r ,  so the  o r de r
of f i l t e r  a t t a i n a b l e  m ay  be so r e s t r i c t e d  that its
p e r f o r m a n c e  is s e v e r e l y  r e d u c e d .  H e n c e  t h e r e  is a 
c o m p r o m i s e  b e t w e e n  s a m p l i n g  r a t e  and the c o m p u t i o n a l
s p e e d  of the di g i t a l  p r o c e s s o r  u se d  to i m p l e m e n t  the
f i 1 t e r .
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APPENDIX D
N orm al  and i n v e r s e  m o d e l l i n g  of a l l - p o l e  system; 
u s i n g  F I R  f i l t e r s
D.l I n t r o d u c t i o n
The p u r p o s e  of th i s a p p e n d i x  is to d e m o n s t r a t e  
that to o b t a i n  g o o d  m o d e l l i n g  of an a l l - p o l e  s y s t e m  u s i n g  
an F I R f i l t e r  will , in g e n e r a l ,  r e q u i r e  a h i g h  o r d e r  
fi l t er ,  w h e r e a s  to mo del  the i n v e r s e  of s u ch  a s y s t e m  
will in g e n e r a l  o n l y  r e q u i r e  a f i l t e r  of low o r d e r.  To 
s h o w  this, we  t ak e  as an e x a m p l e  [31] a s e c o n d  o r d e r  low 
p a s s  a n a l o g  f i l t e r  (i.e. a s y s t e m  c o n t a i n i n g  two d i s t i n c t  
pol es ,  and two z e r o s  at in f i n i t y ) ,  s u c h  as tha t s h o w n  in 
F i g u r e  D.l.
The  L a p l a c e  t r a n s f o r m  for t he  f i l t e r  is g i v e n
by :
Wc=^
H, ( s ) = --------------- (D.l)
(s + w = ) ^
w h e r e  w^ ; is the f i l t e r  c u t - o f f  f r e q u e n c y .
By u s i n g  th e m e t h o d  of p a r t i a l  f r a c t i o n s  or a l o o k - u p
t a b l e  it is p o s s i b l e  to t r a n s f o r m  the a b o v e  c o n t i n u o u s
t r a n s f o r m  d i r e c t l y  to the z — t r a n s f o r m  to o b t a i n  the
f o l l o w i n g  d i s c r e t e  t r a n s f e r  f u n c t i o n  for an e q u i v a l e n t
d i s c r e t e  low p a s s  f i l t e r  h a v i n g  the s a m e  c u t - o f f
f r e q u e n c y  w,, = w, .
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T' - w,, : ' Z e  ■'-^o '
Di r-<z) = w h e r e  T = s a m p l i n g  p e r i o d  ( D . 2 )
(z - e *^ o ' ) ' '
C h o o s i n g  w<„ to be t t / 2 T  , (i.e. c h o o s i n g  the
c u t - o f f  f r e q u e n c y  to be equal to a q u a r t e r  the s a m p l i n g  
rate)
z e
D( z )  -----------------------  (D.3)
( 2 — e •• ) e
L e t t i n g  C = n ^ / 4  and a = e  t hi s c a n  be
r e p r e s e n t e d  as;
C a z
Di_ R. ( z )  ------------ ( D . 4 )
(z - a) ^
T h e  c h a r a c t e r i s t i c  e q u a t i o n  for t h is  is: 
z^ - 2a z + a^ = 0 (D.5)
and t he r o o t s  of t hi s  q u a d r a t i c  e q u a t i o n  wil l g i v e  th e  
p o s i t i o n s  of the  s y s t e m  p o l e s  in th e z - p l a n e .  It c a n  
e a s i l y  be  s h o w n  that th e r o o t s  are:
Pi, Pæ = a w h e r e  a = e " " / ^
H e n c e  the s y s t e m  t r a n s f e r  f u n c t i o n  c a n  be
r e p r e s e n t e d  in the z - p l a n e  as the p o l e - z e r o  d i a g r a m  s h o w n  
in F i g u r e  D.2.
D. 2 F I R  M o d e l l i n g  of an a l l - p o l e  s y s t e m
C o n s i d e r  the m o d e l l i n g  of the two p o l e  low p a s s  
f i l t e r  u s i n g  an F IR  f i lte r.
The (causal) t r a n s f e r  f u n c t i o n  of the two p o l e
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f i l t e r  c o n s i d e r e d  h e r e  can  be s y n t h e s i s e d  by an F I R  f i l t e r  
w h o s e  c o e f f i c i e n t s  ca n be o b t a i n e d  by long d i v i s i o n :
C a 2
( z ) = -------------------------------- ( D . 6 )
(z - a
D) ,F.-(z)=ca z  ^+ 2 c a ‘- z ^ ^ 3 c a ^  z -*+4ca''^ z ........<» ( D . 7 )
T h i s  i l l u s t r a t e s  the p o i n t  that to m o de l  e x a c t l y  
an all p o l e  s y s t e m  u s i n g  an F I R  f i l t e r  r e q u i r e s  an 
i n f i n i t e  n u m b e r  of c o e f f i c i e n t s  in the  i m p u l s e  r e s p o n s e .
D . 3  I n v e r s e  m o d e l l i n g  of an a l l - p o l e  s y s t e m
A p a r t i a l  i n v e r s e  for a ny  c a u s a l  s y s t e m  c a n  be  
a l w a y s  fou n d , p r o v i d i n g  that t h e r e  is s u f f i c i e n t  d e l a y  
b e t w e e n  the input and o u t p u t  s i g n a l s  C(X(z) and Y(z> in 
F i g u r e  D.3], w h e t h e r  the real s y s t e m  is m i n i m u m  or 
n o n - m i n i m u m  phase .
To d e m o n s t r a t e  w ha t  is m e a n t  by this, we t ak e  as
an e x a m p l e  the i n v e r s e  m o d e l l i n g  of th e a l l - p o l e  s e c o n d
o r d e r  l o w - p a s s  f i l t e r  c o n s i d e r e d  in the  p r e v i o u s  s e c t i o n .  
T he  s y s t e m  i n v e r s e  is g i v e n  by the r e c i p r o c a l  of the
z - t r a n s f o r m  of the fi lt e r , i.e.
(z - a ) ' -
D, R.( z ) =   (D.8)
C a z
This i n v e r s e  t r a n s f e r  f u n c t i o n  is n o n - c a u s a l ,  
r e q u i r i n g  tim e  adv a n ce . The s y s t e m  c a n  be m a d e  c a us a l  by 
p l a c i n g  an e x t r a  p o l e  at the o r i g i n  in the z- p l a n e .  In
the time  d o m a i n  this ha s the e f f e c t  of i n t r o d u c i n g  e x t r a
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d e l a y  into the s y s t e m  r e s p o n s e . T h i s  is w h y  the b l o c k  
d i a g r a m  s h o w n  in the F i g u r e  D.3 h a s  d e l a y  b e t w e e n  the 
input and o u t p u t  si gna ls.  P r o v i d i n g  the e x t r a  d e l a y  
n e e d e d  to o b t a i n  a causal i n v e r s e  t r a n s f e r  f u n c t i o n  is 
a c c e p t a b l e  in pr ac t ic e ,  the n  g o o d  r e s u l t s  c a n  be 
o b t a i n e d .  T h i s  s y s t e m  wi th  the e x t r a  p o l e  at the o r i g i n  
h a s  the p o l e - z e r o  p a t t e r n  s h o w n  in F i g u r e  D.4..
T he  s y s t e m  f r e q u e n c y  r e s p o n s e  is g i v e n  by: 
D,_r.<z ) = (z^ - 2az + a ^ ^ / c a z ^ (D.9)
T a k i n g  the i n ve rs e  d i s c r e t e  F o u r i e r  t r a n s f o r m  
g i v e s  t he f o l l o w i n g  e x p r e s s i o n  for the i n v e r s e  f i l t e r  
i m p u l s e  r e s p o n s e :
h(n T) = h(0) (OT) - h(l) (-T) + h<2) <- 2 T ) (D.IO)
w i t h  h(0) = 4/TT^e“ ^''“ , h ( 1 ) = and
h(2) = e 4 / n S
T h i s  is s h o w n  in F i g u r e  D.5. It c a n  b e  r e a l i s e d  
e x a c t l y  as an F IR  f i lt e r as s h o w n  in F i g u r e  D.6.
D.4 C o m m e n t s
It h a s  b e e n  d e m o n s t r a t e d  that u s i n g  an F I R  
f i l t e r  to model e x a c t l y  a s y s t e m  c o n t a i n i n g  p o l e s  w o u l d  
r e q u i r e  an i n f i n i t e  number of terms in the fi l t e r  i m p u l s e  
r e s p o n s e .  In c on t r a s t ,  it has b e e n  s h o w n  that for a
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s y s t e m  c o n t a i n i n g  onl y  p ole s,  then the s y s t e m  i n v e r s e  
c o n t a i n s  a f i n i t e  numbe r of zer os (equal to the n u m b e r  of 
p o l e s ) ,  p l u s  trival p o l e s  n e e d e d  to m a k e  the s y s t e m  
c a u s a l .  The e f f e c t  of the s e t r ivi al p o l e s  is that the 
s y s t e m  will h a v e  e x t r a  del ay .
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Figure 1 (a) Monopole system
A A
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Figure 1(b) Tight coupled tandem monopole system
Figure 1(c) Jessel system
s
Figure 1 (d) Swinbanks system
Figure 1 (e) Chelsea dipole system
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Figure 2.1 Layout of the duct transducers for the determination 
of the black box transfer function
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Figure 2.2 Alternative ways of implementing the black box
transfer function (a) feedforward filter ,(b) feedforward and 
feedback filter combination,and (c) different recursive real­
isation to (b)
CD Z! 
^  co  
cr 
o
X
CD
Ô)'
Di
CD
DO
C O
I
Q_
cr. (Q 
o
3
D)
CO
D)
CO
3 *
(Q
CD
CO
3
XJ
CD
CL
Q .
D)
S'
CO
'<
CO
3
2_
CO
CO
CD
3
^-0
00 ~n
D) (O
O c
PT —lCD
c ro DO
X
CD %
D)
c r
(Ô
m CL
5* en
3
en
D) mco 3
•— h
o
3 *
CL
CD
*o
CD
3
CL
CD
3
en
03
3■o
CD
CL
CL
m
S
en
en
m
3
en
n: 3^> >O
1 1
03
03
O
N
03
N
3
> >
O
1 1
I J
DO
o
CO
rvo
CO
m
3
CL
rvo
T1
c q '
C
—%
CD
ro
en
o
CL
CD
5"
Cû
o
(D
—H
O
C
CD
CD
O
O
mooc
œ
ô '
CD
3
en
CD
c
3
O« t
5 ‘
3
en
r -
ro
1 r
i L
co GO
to
ro
f—
en
en
} !
ro
co
Time (nT)
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(where 1=1/1275 second)
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Figure 2.6 Anti-aliasing filte r
Impulse and frequency responses for analog 
bandpass filter of the sampled data system
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Figure 2.7 Impulse and frequency responses of the feedforward path, 
including microphone, bandpass filters, and loudspeaker
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Figure 2.8 All-digital system
Impulse and frequency responses for feedback 
filter for a non-reflective duct
Note; the phase responses in figures 2.8, and 2.9 were calculated using the exp(-jwt) convention 
rather than the exp(+]wt) convention used every where else in this thesis.Hence in these figures 
a positive slope corresponds to a time delay.
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Figure 2.9 All-digital system
Impulse and frequency responses for a feedback 
filter with reflection' coefficients shown in 
table 2.2
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Figure 2.10 Impulse and frequency responses for the
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Figure 4.8 Feedback filter. Hybrid system,anechoic/anechoic termination 
Captured signals time series and frequency responses 
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Figure 4.9 Hybrid system,anechoic/anechoic termination 
Computed frequency responses from measured signals for the feedback path
<a) required digital filter response needed in the sampled data system 
(b) electroacoustic feedback path to be modelled by the feedback sampled data 
system
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Figure 4.10 Hybrid system, anechoic/anechoic termination
FIR approximation for the digital feedback filter 
impulse and frequency response using the following 
number of coefficients (a) 61,( b) 128 and (c) 256
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Figure 4.11 Hybrid system, anechoic/anechoic termination
Feedback cancellation using the following number of FIR coefficients 
in the parallel feedback sampled data system (a) 61, (b) 128, and (c> 256
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impulse and frequency responses for the feedback 
sampled data system employing the following number 
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Figure 4.14 Hybrid system, anechoic/anechoic termination.Test for feedback cancellation 
Measured transfer function for the electroacoustic feedback path
(a) amplitude response
(b) phase response
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Figure 4.15 Hybrid system, anechoic/anechoic termination.Test for feedback cancellation 
Measured transfer function for the sampled data system
(a) amplitude response
(b) phase response
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Figure 4.16 Hybrid system, anechoic/anechoic termination.Test for feedback cancellation 
Measured transfer function amplitude responses for the 
feedback path and parallel sampled data system
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Figure 4.17 Hybrid system, anechoic/anechoic termination.Test for feedback cancellation
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Figure 4 .18  AH d ig ita l system
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Figure 4.19 Feedback filter. All-digital system, anechoic/anechoic termination
Measured impulse and frequency response for the feedback filter 
required for all digital cancellation of the electroacoustic feedback path
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(b) phase response
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Figure 4.20 All-digital system, anechoic/anechoic termination
FIR filter approximations to figure 4.19, using the following 
number of coefficients (a) 64, (b) 128, and -(c) 256
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Figure 4.21 All-digital system, anechoic/anechoic termination
Feedback cancellation using the following number of FIR coefficients 
(a) 64, (b) 128, and (c) 256
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Figure 5.1 Layout of duct transducers together with the analog
interfaces and the signals needed for digital imple­
mentation of the feedforward filter
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? ■!
T1
(û’
C
CO
en
C O
CD
tü
en
c
5 "
( Q
en
3
en
3  
-g^
CD
C L  en•-H-
Q .  CD
%. 3  
en o
w  Q.
3  m  
o I.
CD
lî
CD
Q .
■O
CD
enf—h
o"
CD
Q .
cq'
r—H
CD
CD
T
1t
IV)
co
i l
X
o
-<
en
en
o
§ O - 0  0 - 1> o  ^< - o  -  œ
CD g- co
en ^  rv)
>
- ►
en o  
o  -L
o
6
Ü3 ^
po — •
t; o
ro >
o 3
C L ■QCD
co
CD O
CD ~ o
;co :« K-c
rîEouiii-:- -n:'
ii;
(a)
(Si)
<C)
TS ÏÏÔ ^  KV- 
rU'WtiKv .;h:<
(b)
IX
t ic
ICC
S»
i'.
'¥/
* C‘f * 
i:<-
ito
xc
FlIOUEHCV (HZI
(D£:j
IX'
IX'
IIS
ice
»
»-
I r,
(d)
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Captured signals time series and frequency responses 
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Digital feedforward filter impulse and frequency response (a) computed directly from measured signals
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Figure 5.6 Anechoic/anechoic termination . Perfect feedback cancellation
Predicted attenuation
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Figure 6.4 Hybrid system, anechoic/anechoic termination
Open loop gain response (a)256 point feedforward filter,256 point feedback filter
(b)128 point feedforward filter.128 point feedback filter
(c)61 point feedforward filter,61 point feedback filter
(d)256 point feedforward filter,61 point feedback filter
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Figure 6.8 Sensitivity functions , hybrid system , anechoic / anechoic termination 
Feedforward filter 256 points , and feedback filter 256 points
(a) Feedforward sensitivity function ( S ^  (w) ) frequency response
(b) Residual feedback sensitivity function ( S^ (* )) frequency response
(c) Acoustic feedback sensitivity function ( S  ( * ) )  frequency response
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Figure 6.9 All-dîgital system, anechoic/anechoic termination
Open loop gain response (a)256 point feedforward filter.256 point feedback fitter
(b )128 point feedforward filter.128 point feedback filter
(c)61 point feedforward filter,64 point feedback filter
(d)256 point feedforward filter.64 point feedback filter
-2C
■M-
IM
JW
REO
-M
GO
IGO0
to
(a)
REQ
(b )
.w
•M
ÎW
REQ
•W
e
(c)
REQ
(d)
Figure 6.10 All-digital system, anechoic/anechoic termination  
Predicted attenuation
(a)256 point feedforward filter,256 point feedback filter
(b)128 point feedforward filter,128 point feedback filter
(c)61 point feedforward filter,64 point feedback filter
(d)256 point feedforward filter,64 point feedback filter
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Figure 6.11 Sensitivity functions , all-digital system , anechoic / anechoic termination 
Feedforward filter 256 points , and feedback filter 256 points
(a) Feedforward sensitivity function { S ^ (w ) ) frequency response
(b) Residual feedback sensitivity function ( S^(w)) frequency response
(c) Acoustic feedback sensitivity function ( S  ) frequency response
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Figure 6.12 Anechoic/anechoic termination
Directly computed from measured signals .the impulse responses of the two different feedback paths
(a)Desired impulse response for the feedback filter in a hybrid system
(b)Desired impulse response for the feedback filter in a all-digital system
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Figure 6.13 Hybrid and all-digital system, open/open termination 
Captured signals time series and frequency responses
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Figure C.3 Sampled data system impulse and frequency responses 
using a 256 coefficients FIR filter to model the following 
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Figure C.6 Predicted attenuation
Sampled data system employing a FIR  filter with 256 coefficients 
to model the following time delays :
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D.1 Second order low pass filter
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Figure D.2 Low-pass digital filter pole-zero plot
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Figure D.3 Shows how a real system in cascade with its inverse 
can be used to model a delay
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Figure D.4 Inverse lowpass digital filter Z-plane pole-zero plot
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Figure D.5 Inverse lowpass digital filter impulse response
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Figure D.6 Implementation of the inverse lowpass digital filter 
impulse response shown in figure D.5
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